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Because Direct Distance Dialing is of such vital interest 


to the telephone industry, a substantial part of Laboratories’ 


activities are directed to developments in this field. In this 


issue, Mr. Kahn tells about our new “Type 59°’ SATT sys- 
tem, which represents exactly the type of facilities that can 
most economically meet the requirements of small and 
medium-size exchanges. A Computer that can be used 
with this SATT system is also described, by Mr. Esperseth, 


who played a part in its development. 


Our opening article describes a small telephone ex- 
change which works on fully electronic principles. It demon- 
strates that electronic switching is technically feasible, and 
this small exchange provides a means for developmental 
testing of new ideas in this field—although the specific 
techniques used are not applicable to a commercial tele- 


phone system. 


Through the use of materials and techniques developed 
within only the last few years, our engineers have produced 
a unique telephone instrument. For the whole story, see 


‘The Type 82 ‘Dial-Lighted’ Telephone.”’ 
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Having considered many different techniques 
which might be used for electronic switching (see 
General Telephone Technical Journal, January, 
1959), the next step in our investigation was the 
development of actual small exchanges in which 
these various techniques could be applied. One 
such exchange, described in this article, uses semi- 
conductor switching techniques and magnetostric- 
tion delay line memory storage for remembering 
the identity of the calling and the called lines. It is 
a ten-line, three-link system, with tone ringing and 
increased dialing speed, and uses a time-division- 
multiplex transmission highway. Each subscriber’s 
line has a permanently assigned time slot associ- 
ated with it, each link having means for coupling 
lines in different time slots. 


Selection of desired lines is acomplished by gen- 
erating pulses in the time slots which ~orrespond 
to the appropriate line numbers. The approach of 
using a time slot per line, although not attractive 
in a 100-line or larger system, is particularly ap- 
plicable to small systems since it permits use of 
magnetostriction delay lines for storage. In a large 
system such an approach would necessitate shorter 
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Figure 1. 


sampling pulses, or less frequent sampling, than is 
desirable. Minimum puise length is presently lim- 
ited by the speed of the switching transistors, while 
the sampling frequency must be more than twice 
the maximum frequency to be transmitted on the 
transmission highway. A 10 kilocycle sampling rate 
is considered a practical minimum for telephone 
communications; in this experimental exchange a 
50 ke. sampling rate is used. A telephone is coupled 
to the common transmission highway by means of 
an electronic switch or transmission gate, for ap- 
proximately 10% of the transmission time, on a 
periodic basis. 


The exchange as shown in Figure 1 and in block 
diagram, Figure 2, consists of a system clock, pulse 
distributor, magnetostriction delay line scanner. 
link controls, two-way line and link transmission 
gates, negative-impedance repeaters, tone genera- 
tors, and an interrupter. The functions of these 
various components are briefly described in the 
following pages. This experimental automatic ex- 
change (excluding the transistorized power sup- 
ply) has an overall size of 10” x 1214” x 6”. 
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ufglectronic Automatic Telephone Exchange 


USING TIME-DIVISION-MULTIPLEX TECHNIQUE 


By Donald K. Melvin, Staff Engineer, General Telephone Laboratories, Inc. 


System Functions (see Figure 2) 


All switching and transmission pulses are syn- 
chronized by the system clock, which generates 1.5 
and 0.5 microsecond (ys) pulses alternately. The 
1.5 microsecond pulses drive the 10-stage pulse 
distributor which, in turn, energizes each of its ten 
output leads for 2 us in sequence on a 20 us cycle. 
Distributor output leads DP-1 through DP-O are 
connected to corresponding line controls which, 
when instructed by a temporary memory in the 
link control, open a two-way line-transmission gate 
in the appropriate time interval, or “time slot”, 
to extend a telephone connection to the common 
transmission highway. 


Since this is a three-link system, there are three 
link controls which can be assigned to a calling 
line to process a call, under the control of a link 
allotter. Each link control contains two magneto- 
striction delay-line memories. One of these acts as 
the linefinder, scanning all line numbers until a 
line desiring service is located; it then remembers 
the identity of the calling line by recirculating a 
pulse in the time slot that represents that line. The 
second delay-line memory acts as the connector; 
it registers the dialed digit of a called number and 
remembers this number for the duration of the call 
by recirculating a pulse in the time slot that repre- 
sents that line. 


The transit time of a pulse through the linefinder 


and connector delay-lines is 20 ws, or one frame. 
It can be seen that if the output pulse of one of 
these delay lines is reinserted in the input of the 
line it will continue to recirculate through the line 
in the same time slot. 


The output pulses from the linefinder memory 
open the calling line and calling link transmission 
gates simultaneously, in the calling line time slot. 
and during this time a multiplex sample of audio 
from the calling line is transmitted over the trans- 
mission highway to the negative-impedance re- 
peater and its storage capacitors. Similarly, the 
output pulses from the connector memory open the 
called-line and called-link transmission gates sim- 
ultaneously in the called line time slot, thus en- 
abling the stored amplified transmission pulse to be 
transmitted back over the transmission highway to 
the called line, where it is then stored on another 
storage capacitor until it is dissipated in the called 
line. This is a two-way process, with equalization 
of the charge on line and on link storage capacitors 
taking place in either direction, depending on the 
relative magnitudes of the capacitor charges at the 
time of coupling. Thus, two-way transmission is 
possible over a single transmission highway. 


The switching and transmission circuitry uses 
diodes and transistors to accomplish its functions, 
instead of the conventional relays, rotary switches, 
vacuum tubes, or gas tubes, thus permitting a high 
degree of miniaturization. 
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Figure 3. System 
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Pulse Generators (Figure 3) 


Timing pulses play a vital part in the operation 
of this “time-division-multiplex” system. The sys- 
tem clock generates continuous trains of pulses at 
a rate of one-half million per second. Pulses gen- 
erated over the leads CP-1A through CP-1F are 
each one-half microsecond in duration, and recur 
every two microseconds. As indicated by the like 
numerical portion of the suffix, these pulses are 
coincident; but they are at different voltage levels, 
as indicated by the different alphabetical suffixes. 


The pulse on lead CP-4 is about three-fourths 
microsecond in duration, and its leading edge is 
located midway between the CP-1 pulses. The 
function of these timing pulses is to synchronize 
the magnetostriction delay lines. The CP-1C pulse 
train is used to drive the pulse distributor, which 
comprises a “ring-of-five” counting chain that is 
advanced one step for each timing pulse, and a 
“scale-of-two” counter that operates in the manner 
of an “odd-even” circuit. The outputs of the coun- 
ters are combined in a diode translation matrix to 
feed two-microsecond pulses to the ten output 


leads, DP-1 through DP-O, in sequence. Each such 
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and Pulse Distributor Module 


scan of the ten output leads will be referred to as 
a “frame.” The DP leads are connected to the cor- 
responding line circuits, to allot each line a specific 
time slot in the frame. A chart of the distributor 
pulse timing is shown in Figure 4. 


Accurate timing of the system clock pulses is in- 
sured by a crystal-controlled oscillator comprising 
a transistor, a 1000 kc. crystal, and a parallel tuned 
circuit. The voltage waveform appearing across the 
tuned circuit is sinusoidal, but the transistor feeds 
energy to it only during the negative half-cycles, 
since its emitter-base circuit is cut off during the 
positive half-cycles. ‘The impedance of the emitter 
circuit is very low in the forward direction and 
high in the reverse direction; therefore, the voltage 
waveform at the emitter resembles a half-wave 
rectified sine wave, the negative half-cycles being 
suppressed by the low forward drop in the emitter 
circuit. This voltage waveform is further modified 


by another transistor and delay line circuit which 
suppresses every other positive half-cycle; thus, the 
resulting voltage consists of a positive half-cycle, 
having a duration of 0.5 microsecond, followed by 
substantially zero voltage for three half-cycles, or 
1.5 microseconds. 
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Figure 4. Distributor Pulse Timing Chart 


There are two transistors per stage of the ring- 
of-five counting chain. To obtain reliable operation 
at the high speed (500,000 steps per second) at 
which this counter operates, one transistor in each 
stage is of the surface-barrier type. Since current 
gain and power dissipation of this type of transistor 
are limited, it is necessary to use one slave transistor 
per stage to feed the external load circuits. The 
slave transistors have a considerably lower alpha 
cut-off frequency than the surface-barrier type, but 
can dissipate much more power and provide higher 
current gain. Being slaves, their slower response 
does not limit the counting rate in any way. 


This counting chain is unique in that all stages 
except one are normally conducting, whereas in. 
conventional counting chains using one transistor 
per stage (\ ‘hich is the class in which this one be- 
longs, since the second transistor plays no role in 
the counting operation), only one stage is normally 
conducting. The circuit of the scale-of-two counter 
is identical to the ring-of-five counter, except that — 
it is reduced from five stages to two. 
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A diode translation matrix is used to expand the 
outputs of the scale-of-two and the ring-of-five 
counters to ten circuits. The two outputs, ODD 
and EVEN, of the first counter, swing alternately 
from near + 1.5 volts to about —7 volts. Similarly, 
the five outputs, 1/6 through 5/0, of the second 
counter, swing sequentially from near + 1.5 volts 
to —7 volts and back to +1.5 volts. Thus, lead 
DP-1 is at —7 volts during the two-microsecond 
interval that both leads 1/6 and ODD are at —/7 
volts. The succeeding system clock pulse on CP-1C 
causes the —-7 volt conditions to advance from lead 
1/0 to lead 2/7 and switch from ODD to EVEN, 
causing —7 volts to appear on lead DP-2. In like 
manner the —7 volt condition is advanced sequen- 
tially every two microseconds over leads DP-! 


through DP-O. 


Scanner (see Figure 3) 


The scanner is a recirculating magnetostriction 
delay line. It is arranged to provide an output 
pulse on lead DY-6B once every twenty-two micro- 
seconds, in synchronism with the pulses produced 
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Figure 5. Principle of Magnetostriction Delay Line 
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Figure 6. Magnetostriction Delay Line Module 


on the DP leads by the pulse distributor. Thus, dur- 
ing each successive frame, the pulse on DY-6B 
appears on a different one of the ten time slots, in 
sequence. A complete scan of ten time slots 1s 
therefore completed once every 220 microseconds, 
corresponding to 4550 scans per second. 


Magnetostriction Delay Lines (see Figure 5) 


When a magnetic force is applied to certain ma- 
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terials they will change their length; whether they 
will be elongated or compressed depends upon the 
properties of the material. Further, if these mate- 
rials are elongated or compressed, their permeabil- 
ity will change. These properties of the material 
can be used to convert an electrical pulse into a 
mechanical one, and vice versa. Since the propa- 
gation of a mechanical pulse is much slower than 
the propagation of an electrical pulse, the mag- 
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netostriction delay line becomes more convenient 
than an electrical delay line, whenever a relatively 
long delay is required. 


Magnetostriction delay lines have three different 
applications in the exchange, with different re- 
quirements for each service. To make them inter- 
changeable, they are all made alike; only the jack 
wiring is different. When the delay line is used as 
a scanner, the receiver output is fed to the input 
of the blocking oscillator through a gate. No other 
signal is fed to the input of the blocking oscillator; 
it is, therefore, necessary that it generate the first 
pulse, and when this pulse is recirculating, it should 
trigger only when the pulse is present at its input. 
The total delay is adjusted to 22 microseconds 
used as a scanner and 20 microseconds used as a 
linefinder or connector recirculating memory. 


The magnetostriction delay line is used as a 
memory or scanner by recirculating pulses in a 
certain time slot, or advancing the pulses with each 
successive time they recirculate. A negative pulse 
triggers the blocking oscillator. The output pulse 
from the blocking oscillator generates a magneto- 
motive force in the transmitter coil; this causes a 
variation in the flux density through the nickel 
tubing and hence generates a mechanical pulse in 
the tubing. The permanent magnet is necessary for 
converting the electrical pulse to a mechanical one; 
by moving the magnet along the coil, the bias field 
can be adjusted to give the highest sensitivity. 


The mechanical pulse travels along the nickel 
tubing at a speed of .185 inches per microsecond. 
When the mechanical pulse arrives, the perme- 
ability of the nickel changes, and since the mag- 
netomotive force is constant, a change in the flux 
through a coil is obtained. A voltage 


at 
dg 


= =f 


is induced in the receiver coil, such that: 
n = number of turns in the receiver coil 
¢@ = flux through the coil 


The electrical pulse induced in the receiver coil 
is amplified and shaped in the receiver; by feeding 
the output from the receiver to the input of the 
blocking oscillator, the pulse is made to recirculate. 
The amount of delay may be adjusted by moving 
the receiver coil along the nickel tubing. 
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To prevent echoes, the ends of the nickel tubing 
are especially mounted; reflection from the ends of 
the tubing is minimized by damping and cancella- 
tion. At each end, a slot is cut through both walls 
of the tubing, and one-half section is removed. 
Neoprene tubing is fitted over the nickel tubing, 
and other damping material is fitted into the end. 


The pulse traveling toward the end of the nickel 
tubing will be reflected without phase reversal, by 
the side that is solidly fastened down. The pulse 
reflected from the free end will be reflected with 
phase reversal: thus, the two reflected pulses tend 
to cancel out. Such a delay line, bent at right 
angles to permit it to be mounted on a printed 
wiring board, is shown in Figure 6. The symbol 
used to represent a magnetostriction delay line is 


shown in “J”, Figure 10, Page 109. 


Tone Generators and Interrupter 


Dial Tone 


The oscillator for the dial and busy tone is a 
type of grounded base blocking oscillator, with 
tuned collector circuit. The tank circuit is tuned 
to about 550 c/s and the RC time constant is ad- 
justed to provide a blocking frequency of about 
110 c/s. The “Q” of the tank circuit is high enough 
to sustain oscillations at continuously diminishing 
amplitude in the tank circuit for several cycles, 
even when the transistor is completely cut off dur- 
ing the whole cycle. Amplitude variation is deter- 
mined by the adjustment of the RC time constant. 


Busy Tone 


The busy tone for this exchange is provided by 
interrupting a tone from the dial-tone generator 
at approximately one cycle per second. The inter- 
rupter is a device similar to a free-running multi- 
vibrator; its operation is determined by a busy-tone 


start lead, BTST. 


Supervisory Signal Gates (‘‘G,’’ Figure 10) 


Gate SG-2 is a typical signal gate, employed to 
connect a tone-signal source to the speech-trans- 
mission circuit at appropriate times. Obviously, a 
high degree of attenuation is required, when the 
tone signal is not in use, to prevent objectionable 
background noise in the transmission circuit. The 
gate (SG-2), chosen for an example, is used to 
return busy-tone to a calling subscriber in the event 
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Figure 7. Circuit of Telephone with Tone Ringing for Electronic Exchange 


the called party’s line is in use. This condition is 
indicated by —10 volts placed on lead BT by the 
sequence switch and on lead FF-5 “1,” by flip-flop 
5. The busy-tone generator, producing a signal 
level in the order of two volts, is connected to lead 
BST and is returned to ground potential. In this 
case the tone signal at the gate output is attenu- 
ated to about 0.5 volt. The output of gate G-27 
is connected to the input of amplifier A-10 in series 
with a diode which is normally reverse-biased; 
hence, the tone signal transmitted to the repeater 
lead TA is negligible. 


With —10 volts on both leads BT and FF-5 “‘1”’, 
the gate output rises to an average value of about 
—5 volts. The tone signal is superimposed on the 
—5 volt output and is fed to the transistor ampli- 
fier A-10. This amplifier is turned on by the change 
in DC level on its input lead, and it amplifies the 
superimposed tone signal and feeds it to the trans- 
mission circuit. 


Telephone Instrument Circuit (Figure 7) 


The telephone instrument used with this ex- 
change is a standard instrument from which the 
ringing equipment has been removed. A_loud- 
speaker is mounted on the telephone base and is 
connected, through a matching transformer and a 
zener diode, from one side of the line to ground. 


The cradle switch opens the ringing circuit when 
the handset is lifted. When ringing current, super- 
imposed on a direct current of sufficient ampli- 
tude to cause the zener diode to break down, is 
applied to the line, the audible ringing tone 1s 
coupled to the speaker. 


Functional Symbols (Figure 10A) 


Before continuing the description of system 
operation a brief description of the various func- 
tional symbols used in the drawings is in order. 


In describing the operation of conventional elec- 
tromechanical switching apparatus, extensive use 
is made of special symbols to represent the various 
standard forms of apparatus employed. In some 
instances (such as a Strowger switch) a person 
unfamiliar with its construction would have dif- 
ficulty interpreting the intent of the symbols used 
to represent it in a conventional schematic drawing 
of an electromechanical selector or connector, yet 
no one will question the desirability of using such 
symbols. Similarly, in describing electronic switch- 
ing operations it is expedient to use a number of 
special symbols to represent circuit groups which 
perform a readily recognized function that is 
used repeatedly. The symbols which were adopted 
in the course of development of this system are 
shown for reference, with the actual circuitry they 
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a 


Flip-Flop 


represent in Figure 10. The semi-circular “D” 
symbol is used when a gate has two inputs, and an 
elongated “D” symbol used when there are 3 or 
more inputs. The circuits as shown are indicated 
as typical, meaning that component values may 
vary, or circuit details may differ without changing 
the symbol, provided the function remains un- 
changed. The functional schematic (Figure 10) 
describes, in terms of these functional symbols, 
how the system functions. 


Ordinary “and” gates (“A”, Figure 10) are 
conventional in the electronic switching art. Little 
need be said other than that the output lead, 
out,” will be at a near ground potential until 
all inputs are switched to a negative potential; 
then the output becomes negative. In this system, 
most of the logic circuitry is operated by negative 
10-volt pulses; between pulses, the leads are at 
approximately ground potential. The “or” gates 
(“B”, Figure 10) will pass negative pulses from 
any of the input leads to the output. 
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The “inhibit” gate (“C”, Figure 10) is typical 
of all such inhibit gates used in the system. This 
gate, for example, has three inputs and is arranged 
to produce a negative going signal at its output 
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Circuit Module 


when a negative signal is present at both of the 
first two inputs and is absent at the third, or in- 
hibit, input. With the transistor cut off, as indi- 
cated, and with —10 volts potential on both in- 
puts, the output drops to —10 volts at this time, 
thus satisfying the stipulated conditions so far. 
It is also required that the presence of an input 
signal on the inhibit lead must block the output 
signal. In the absence of such an input the base- 
emitter path of the transistor is reverse-biased by 
the 100 K-ohm resistor connected to +10 volts. 
Diode CR-1 limits the reverse voltage to a frac- 
tion of a volt; thus, the collector is normally cut 
off. A —10 volt signal on the inhibit lead causes 
a forward current to flow in the base through the 
10 K-ohm resistor, driving the collector into the 
saturation region and clamping the output to 
ground. Thus, a signal on the inhibit lead pre- 
vents any output, even though signals are present 
at both the other inputs. 


Flip-Flop Circuit (‘“‘F’’, Figure 10) 
Each of the five flip-flops in each Line-Control 


is identical; each has two steady-state conditions 
which represent the near saturated and cut-off 














conditions of the two transistors, TR-1 and TR-2, 
in the flip-flop. 


In the “0” condition, TR-2 is in a near saturated 
condition, and —10 volts appears on lead “0”. In 
the “1” condition, TR-1 is in a near saturated 
condition and —10 volts appears on lead “1”. 
When the flip-flop is in its “O” condition, a nega- 
tive pulse or step function on the set-1 lead (S-1) 
will trigger the circuit to its condition. A 
subsequent negative pulse or step function at any 
later time on the set-O lead (S-0) will trigger the 
circuit back to its “0” condition. (Lead L-1 must 
be connected to —10 volts before the flip-flop can 
be set to “1”’). 


“—— 


Since this circuit can be set in either of its 
steady-state conditions, it may act as a two-posi- 
tion locking circuit and remain in the last position 
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below saturation. Ground appears on lead “1,” and 
—10 volts on lead “O” (approximate voltages). 


In certain applications it may be desirable to 
have the flip-flop follow the pulses on the S-1 lead 
when the potential on the S-0 lead remains con- 
stant; this may be accomplished by applying —-8 
volt pulses of approximately 20 microseconds dur- 
ation or longer to S-1. At the beginning of each 
pulse the flip-flop will be set to “1”, and at the 
end of each input pulse, due to the sufficiently 
large reverse surge in the input capacitor, it will 
be set back to the “0” condition. 


To prevent this action in cases where the S-1 
input is a step function and the flip-flop is to re- 
main set at the end of the step, it becomes desir- 
able to use a differentiating circuit ahead of the 
set lead to convert the step function into a short 











2 - WAY 
COMMON - TRANSMISSION 
HIGHWAY 
IMPEDANCE | re eae +1 
CONVERTER | | 4 























43 
y 





OP-! 


INTEGRATOR 








—lI9.2V 











Y 


RC 





Y 
| 





RG 


Figure 8. Typical Telephone Line Circuit 


in which it is set, even though the setting potential 
has been removed. Alternatively, it may be made 
to follow input pulses on one set lead when the 
potential on the other set lead is held constant. 


When it is desired to restore the flip-flop to its 
“0” condition, and maintain it in this condition 
regardless of pulses on lead S-1, lead L-1 is used 
as follows: —10 volts maintained on lead L-1 
allows the circuit to operate as described pre- 
viously. When —10 volts is removed from lead 


L-1, TR-1 cuts off, and TR-2 conducts slightly 





pulse. This assures that the flip-flop will respond 
only once, at the beginning of the negative step 
voltage, in response to the negative pulse on the 
set lead obtained by differentiation. 


Since the flip-flop circuit is symmetrical, the 
features mentioned above also hold true for input 
pulses on the S-0 lead when the potential on the 
S-1 lead remains constant. Capacitors are pro- 
vided for coupling the base and collectors of op- 
posite transistors, to speed up the switching times 
of the transistors. 
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System Operation (See Figures 8 and 10) 


Line Circuit 


When the subscriber associated with telephone 
line circuit 1 initiates a call, a circuit is completed 
from ground through resistor R-1, a winding on 
T-1, the subscriber’s line loop and telephone in- 
strument, a diode, a filter, and a second winding 
on T-1 to —20 volts. The loop resistance is com- 
pensated in the subscriber’s telephone, to provide 
a 10-volt drop across resistor R-1. Point A re- 
mains near ground when the telephone is on hook, 
or when the loop is open—thus maintaining gates 
G-1 and G-2 closed. With the loop closed, point 
A will be at —10 volt potential. ‘The ground on 
lead DP-1 is obtained from the pulse distributor; 
this ground is cyclically removed from DP-1 for 
two microseconds out of every twenty, defining 
time slot 1 allocated to telephone line No. 1. 


Lead C remains at ground during time slot 1, 
due to the ground normally on lead S. When a 
link is free to answer calls and is selected for use 
by the Link Allotter (Figure 10), it sends out a 
continuous train of two-microsecond pulses spaced 
at 22 microsecond intervals on lead S. When such 
a pulse appears on lead S in coincidence with a 
similar pulse on lead DP-1, lead C swings to —5 
volts and transmits a pulse to the scanning link, as 
shown in Figure 8. Upon receipt of such a pulse 
over lead C, the link ceases its scanning operation 
and thereafter sends a continuous train of pulses 
in time slot 1 over lead S, these pulses being re- 
turned over lead C as long as the loop circuit re- 
mains closed. The calling line is now found. 


As a result of a current gain of 15 in the emit- 
ter-follower in the impedance converter, the 1000- 
ohm line impedance seen looking into T-1 is 
changed to 15 K-ohms looking into the impedance 
converter from the two-way common. transmis- 
sion highway, but without any change in voltage 
level. At this time, dial tone is transmitted from 
the Link Control to the line loop, over the two- 
way common transmission highway and through 
the above-described transmission gate, to inform 
the subscriber that he may proceed to dial. 


If no preventive measures were taken, excessive 
voltages would be applied to the transmission cir- 
cuit during dialing, due to the rapid decay of flux 
in T-1 upon interruption of the line circuit. To 
protect the transmission circuit from such surges, 
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clamping diodes are provided in the impedance 
converter. 


Each time the line loop is opened by the im- 
pulse springs of the dial, the point A returns to 
ground, thus interrupting the train of impulses 
on lead C in time slot 1 for the duration of the 
dial impulse. G-1 is also closed but with no effect 
at this time. The pulses on lead C in time slot 1 
are interrupted in like manner when the subscriber 
hangs up. These interruptions in the pulse train 
control operations in the Link Control. 


When telephone line No. 1 is called by another 
subscriber the ringing generator is started, causing 
a train of pulses in time slot 1 to be transmitted 
over lead RC by the link serving the calling sub- 
scriber. For the duration of the coincident pulses 
on leads DP-1 and RC, —5 to —7 volts is ap- 
plied to terminal 3 of T-2 through diode CR-1. 
Lead RG is alternately clamped to ground and 
switched to —10 volts at the ringing frequency 
rate. Assuming that RG is clamped to ground, the 
current flow in winding 3-4 increases linearly at 
a rate determined by the applied voltage and the 
inductance of the winding, reaching 3 to 4 ma. 
by the end of time slot 1. The secondary winding 
1-2 is effectively open-circuited at this time, since 
the induced voltage biases diode CR-2 in the re- 
verse direction. When the pulse on DP-1 expires, 
the output of G-3 is clamped to +1.5 volts. The 
flux in T-2 now commences to decay, reversing the 
voltage induced in its secondary and hence causing 
current to flow through diode CR-2 and the base 
emitter path of the transistor in A-2. 


The low forward resistance of this circut, beyond 
the characteristic knee, limits the voltage across 
winding 1-2 of T-2 to 0.5-1.0 volt. The flux there- 
fore decays at only one-tenth the rate at which it 
rose during the input pulse. The primary voltage 
is also limited by reason of the nature of the sec- 
ondary load; hence diode CR-1 remains reverse- 
biased. Current flows in the secondary of T-2 for 
practically the entire 18-microsecond interval be- 
tween successive input pulses. The integrator pro- 
vides a continuous drive to A-2. An amplified cur- 
rent flows over lead —L1, and a 50 volt zener 
diode in the subset, to ground through the speaker 
transformer. This current varies in accordance with 
the ringing signal on lead RG, producing an audi- 
ble signal at the subset (Figure 7). When the called 
subscriber answers, the —10 volts developed across 
resistor R-1 by closure of the line loop results in a 








pulse train on lead C in the called party time slot, 
causing the Link Control to interrupt the pulse 
train on lead RC, thus tripping the ring. 


Selection of Idle Link by Link Allotter 


The Link Allotter is a ring-of-three counting 
chain, arranged to feed —10 volts to its three out- 
put leads, AL-1 through AL-3, one at a time, to 
allot a subsequent call to the corresponding link. 
When power is first applied to the system, the Link 
Allotter selects, at random, one of the three links 
provided. In the following discussion it is assumed 
that the first link has been selected. 


If all three links are busy at the same time, none 
of the transistors in the Link Allotter will be satu- 
rated. When one of the links becomes idle, the 
transistor in the corresponding stage saturates be- 
cause the —10 volts is removed from its ON lead. 
If one of the other two links now becomes idle, 
the Link Allotter will stay in the same position, 
since two diodes from the collector of the saturated 
transistor 10 the base circuit of the other two 
transistors, prevent these two from turning on. 


idle Link Searches for a Calling Line 


The —10 volts on AL-1 permits scanning pulses 
on DY-6B to pass through gates G-3 and G-5 to 
input A of line finder Delay Line DY-2. Upon re- 
ceipt of a coincident timing pulse on lead CP-4, 
the delay line input amplifier is triggered “on,” to 
initiate an impulse in the nickel tube (see Figure 
5) which couples it to the output amplifier. Twenty 
microseconds later a regenerated pulse is produced 
at output B of DY-2. This pulse passes through 
gate G-8 and amplifier A-6 to lead S, then to the 
ten line circuits in multiple. One such pulse is sent 
over the S lead every 22 microseconds, each succes- 
sive pulse appearing in a different time slot. When 
no lines are waiting to be answered the pulses on 
lead S have no effect, since the gates G-2 in the 
line circuits are then closed. Hence, the idle link 
continues to scan all line circuits indefinitely. 


Seizure of a Calling Line 


Assuming now that the subscriber connected to 
telephone line No. 1 initiates a call, closure of the 
line loop causes gate G-2 to be opened when coin- 
cident pulses appear on leads S and DP-1. When 
these two pulses are coincident they result in a 


pulse on Busy Mark Lead C, which is transmitted 
through A-1 (Figure 10) to all three links in mul- 
tiple. In link 1 the -—10 volts on lead AL-1 passes 
through G-1 to the inhibit gate IG-1, causing it to 
be opened by the pulses on the C lead. Absence of 
—10 volts on the corresponding AL lead in the 
other links closes the corresponding inhibit gates 
and prevents them from responding to the pulses 
on the C lead. The first pulse appearing on lead C 
following initiation of the call is transmitted 
through IG-1 and amplifier A-2 to inputs S-1 of 
flip-flops FF-1 and FF-2, setting them both to the 
“1” state; (hereafter a flip-flop is said to “flip” 
when it is set from 0 to 1 and is said to “flop” when 
it is set from 1 to 0). A-2 (“E,” Figure 10) repre- 
sents the amplifier as illustrated in the schematic 
diagram of Figure 10. 


When FF-1 (Figure 10) flips, it closes G-3 to 
block succeeding scanning pulses on lead DY-6B, 
and opens G-4 to complete a recirculating path 
between output B and input A of DY-2 via G-5. 
Pulses now recirculate in DY-2 at a 20-microsec- 
ond repetition rate and appear at output B in time 
slot 1. These pulses pass.through G-6, G-7, and 
A-3 to lead BYM-1 to mark the calling line busy, 
and from G-6 to input P of transmission gate TG-1 
to connect the link to the common transmission 
highway, lead +L, in time slot 1. A similar trans- 
mission gate in the line circuit connects line 1 to 
the +L lead in the corresponding time slot, under 
control of G-1 (Figure 8) in response to closure of 
the line loop. Thus a multiplex transmission path 
is completed between line No. 1 and link 1. 


When FF-2 flips, as described above, a step vol- 
tage is applied through G-12 to input S-1 of FF-3 
(Figure 10), causing it to flip. A step voltage is 
consequently applied to input CO of the Sequence 
Switch Driver (hereafter abbreviated SSD), caus- 
ing it, after a brief delay, to generate a pulse 
simultaneously at each of its outputs B and C (See 
Figure 9). The pulse on C flops, (or resets) FF-3, 
and the pulse on B advances the Sequence Switch 
from its N, or normal, position to the UA, or units 
advance, position. Negative 10 volts is now re- 
moved from lead N and is applied to lead ON of 
link 1, causing the Allotter to advance to link 2 
and remove —10 volts from lead AL-1. In place 
of AL-1, gates G-4 and IG-1 now receive —10 
volts through G-1 from lead ON. 


When FF-1 flipped it also opened G-16, to per- 
mit pulses on lead DP-O in the “O” time slot to 
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Figure 9. Sequence Switch Driver Circuit 


pass through G-16 and G-17 to input A of Con- 
nector Delay Line DY-5, causing it to generate 
pulses at its output B in the O time slot. These 
output pulses have no effect at this time. Following 
the brief delay introduced by SSD the Sequence 
Switch transfers —10 volts from lead N to ON, 
thereby closing G-16 and opening G-14, to com- 
plete a recirculating path from output B to input 
A of DY-5, through G-14 and G-17. DY-5 now 
continues to generate pulses at output B in time 
slot 0, independently of the pulse distributor lead 
DP-0 of G-16. 


With the Sequence Switch in position UA, —10 
volts is applied to signal gate SG-1, causing it to 
transmit dial tone from lead DLT through G-27 
and A-10 to TA of the Negative Impedance Re- 
peater, and thence through TG-1 to the calling line 
over the common transmission highway. The link 
is now prepared to receive dial impulses. 


Sequence Switch Driver (Figure 9) 


Before describing the dialing process, a_ brief 
description of the Sequence Switch Driver (SSD) 
is in order. The Sequence Switch Driver has three 
pairs of input circuits, namely Change-Over, Hold, 
and Busy Test inputs. Each input circuit is com- 
posed of a gate circuit. As long as the potential on 
one of the two gate leads is positive with respect to 
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the other, the ungrounded side of the associated 
timing capacitor will be at the more positive po- 
tential of the two, in its steady-state condition. The 
input signals to this circuit are pulses or step func- 
tions at either ground or —10 volt potential. 


If, for example, —10 volts is on lead RCO and 
ground is on lead CO, the diode in lead CO will 
conduct and the timing capacitor will be in a dis- 
charged condition, since both of its plates are at 
ground potential. The diode coupling the capaci- 
tor to the blocking oscillator is blocked. 


When —10 volts appears on both lead RCO and 
CO, the diode in lead CO is cut off and the timing 
capacitor charges through the 100K and the 
10K resistors. The charging time is determined by 
the values of the timing capacitor and the series 
resistor. 


The negative charge on the capacitor builds up 
until, when —5 volts is reached, the Blocking Os- 
cillator generates a negative 10-volt pulse on out- 
put lead B and a negative 5-volt pulse on lead C, 
at the same time rapidly discharging the timing 
capacitor. 

If —10 volts still remains on leads RCO and CO, 
the timing capacitor again charges and another 
pulse is generated. This process continues until 
—10 volts is removed from one or both of the 


leads RCO or CO. The hold and busy test inputs 
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108 Figure 10. Functional Schematic of Link Circuit 
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Figure 10A. Functional Symbols 








operate the same as the change-over circuit, the 
only difference being in the time required to charge 
the timing capacitors. The change-over timing 
allows the input gate to be opened and closed at 
dial-pulse rates without generating an output pulse 
to step the Sequence Switch (SS) to its busy test 
position. External circuits remove the —10 volts 
from one of the change-over leads, to prevent more 
than one pulse from being generated at change- 
over. If the called line is idle, —10 volts appears 
simultaneously on the busy test leads RBY and 
BY of the SSD, and another output pulse is gen- 
erated to advance the Sequence Switch to switch- 
through (ST), at which time the busy-test input 
gate is closed. 


At disconnect the hold gate is opened, and after 
a relatively long delay a series of output pulses ad- 
vance the Sequence Switch to normal position, at 
which time the hold input gate is opened. This 
will be discussed in more detail later. 


Sequence Switch (See Figure 10) 


The Sequence Switch (SS) is a circuit which 
has five steady-state conditions, condition No. | 
being the normal or home position. Negative input 
pulses from the SSD on lead A cause the transis- 
tors to become saturated one at a time in sequence. 
An output signal of approximately —10 volts 1s 
maintained on the lead associated with the one 
saturated transistor at any moment; all the other 
output leads are at approximately ground potential. 


Consider that the stage 1 transistor is saturated 
and SS is in its normal position, with —10 volts 
on lead 1. A negative pulse on the input lead A 
causes this transistor to cut off and the stage 2 
transistor to saturate, thus removing —10 volts 
from lead 1 and applying it to lead 2. This is 
repeated for each input pulse, the saturated condi- 
tion being advanced to the next transistor with 
each pulse. As long as any transistor other than the 
stage | transistor is saturated, —10 volts will ap- 
pear on the off-normal lead “ON”. 


Dialing the Called Number 


When the calling line is opened by the first dial 
impulse of a series, gate G-2 (Figure 8) is closed 
and the pulses from lead S are no longer trans- 
mitted on lead C. In the absence of these pulses, 
IG-2 (Figure 10) passes pulses from DY-2B to 
input S-0 of FF-2, causing it to flop and in turn 
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flip FF-4 via IG-3 and differentiating circuit DF-1, 
shown in detail in “E”, Figure 10. 


Negative 10 volts on FF-4 lead “1” opens G-15 
to the output pulses of DY-5, and ground on lead 
“0” closes G-14. The next output pulse from DY-5 
passes through G-15 to DY-4 (see also “I’’, Figure 
10). This pulse travels the length of DY-4 in one 
microsecond, is reflected at the open-circuited end, 
and returns to the input after a total delay of two 
microseconds. The reflected pulse passes through 
A-4 and G-17 to input A of DY-5, to trigger it in 
time slot 1. The pulse from A-4 also flops FF-4, 
which opens G-14 and closes G-15. The pulse now 
recirculates through DY-5 in time slot 1. 


At the end of the first dial impulse, the sub- 
scriber’s line is closed and as a result, pulses in its 
time slot again appear on lead C. This causes [G-2 
to block DY-2 pulses, and flips FF-2, which in turn 
flips FF-3. FF-3 applies —10 volts to input CO of 
SSD, but not long enough to cause SSD to op- 
erate before the next impulse (if any) of the dialed 
digit is received. 


At the start of the second impulse, the subscrib- 
er’s line is opened, closing G-2 (Figure 8). The 
pulses from lead S are no longer passed on lead C; 
hence FF-2 (Figure 10) again flops to cause the 
pulse in DY-5 to advance to time slot 2 in the same 
manner as described for the first dial impulse. 
Thus, the pulse stored in DY-5 is advanced one 
time slot for each dial impulse. When FF-2 flops 
at the start of a dial impulse it causes FF-3 to flop 
also, by the positive going step function applied to 
FF-3, and S-1, thus preventing operation of SSD 
during the series of impulses. FF-2 and FF-3, in 
turn, flip at the end of each impulse. 


Busy Test 


After the last impulse of the digit has been re- 
ceived, FF-3 remains flipped, causing SSD (after 
a brief delay) to generate a pulse, thus advancing 
SS to its busy test position, BT. Ground from the 
Sequence Switch lead UA then blocks IG-3, pre- 
venting further operation of FF-3. 


Negative 10 volts from lead BT is applied to in- 
put RBY of SSD, and also opens G-18 to coinci- 
dent pulses from lead BYT and DY-5B. If the 
called line is busy, a pulse in its time slot appears 
on lead BYT, coincident with the one circulating 
in DY-5. This pulse passes through G-18 and G-25, 
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Figure 11. Diagram of Ringing Tone Generator 


causing FF-5 to flip. Negative 10 volts from lead 
BT to G-26 allows the step voltage from FF-5 lead 
“1” to pass through G-26 to the inhibit input INH 
of DY-5, thus stopping the circulating pulses in 
DY-5. At the same time, the step voltage from 
FF-5 lead “1” opens SG-2 to transmit busy tone 
to the calling subscriber over the transmission cir- 
cuit. Ground on the “0” output of FF-5 is applied 
to input BY of SSD to prevent it from operating 
and advancing SS at this time. Release from a busy 
condition is similar to release from a completed call 
condition described hereinafter. 


Switch-Through 


If the called line is not busy there is no output 
from G-18 during the busy test interval. With FF-5 
at “0” the —10 volts on input RBY of SSD causes 
it (after a brief delay) to generate a pulse, thus 
advancing SS to its switch-through position ST. 
This action grounds lead BT, preventing further 
generation of pulses by SSD, and closes G-18 and 
G-26. Negative 10 volts on lead ST permits the 
pulses circulating in DY-5 to pass through G-20, 
A-5, G-7, and A-3 to lead BYM-1, to mark the 
called line busy. The pulses from A-5 also flow 
through G-8 and A-6 to lead S and to input P of 
TG-2, to prepare a transmission path to the called 
line circuit. 


Ringing 
Negative 10 volts on lead ST also opens G-21, to 
pass pulses from DY-5B to lead RC, via A-7. The 


pulses in the called-line time slot on lead RC are 
transmitted to the G-3 gates in all line circuits. 


G-3 of the called line is opened by coincident pulses 
on the corresponding DP lead and lead RC, caus- 
ing the ringing signal, superimposed on a d.c. com- 
ponent, to be transmitted over the subscriber’s line 
and through a 50-volt zener diode (two 25-volt 
zener diodes in series) and a signaling loudspeaker 
in the subset to ground. Negative 10 volts on lead 
ST in the link opens SG-3, to transmit ring-back 
tone to the calling line over the previously de- 
scribed signal path. 


Instead of a conventional ringing signal, this 
system uses three different audio tones in sequence. 
This sequence is repeated three times followed by 
a pause of about three seconds. Figure 11 shows 
the schematic block diagram of the Ringing Tone 
Generator. 


The oscillator is a type of grounded-base block- 
ing oscillator with tuned collector circuit. It trig- 
gers when —10 volts is applied to any of the three 
input leads. An RC time-constant, proportional to 
the resistance in the input lead, determines the 
blocking frequency. By using a resistor of different 
value in each input lead, the oscillator is made to 
generate three different tones, one at a time, de- 
pending upon which input lead is closed to —10 
volts; the frequency of each tone can be individu- 
ally adjusted by adjusting the value of the resistor 
in each of the input leads. 


The Tone Sequence Control is a device similar 
to a free-running multi-vibrator; one output from 
each stage is fed to one of the oscillator inputs. 
When the starting voltage is present on the Tone 
Sequence Control input lead, it places —10 volts 
on output leads 1, 2, and 3, in sequence. As long 
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Figure 12. Diagram of Busy Tone and Dial Tone Circuit 


as the Tone Sequence Control is running, the Ring- 
ing Gate Control will place —20 volts on its out- 
put lead RC, thereby preparing the ringing gate 
in a called line control to open. 


The operation of the Tone Sequence Control 1s 
determined by the Interrupter. The Interrupter 
places —10 volts on its output lead, either when a 
step function occurs on the lead from the Ringing 
Machine Start Control, or after three pulses have 
occurred on the lead from the Tone Sequence Con- 
trol; i.e., after the Tone Sequence Control has fin- 
ished three complete cycles. 


When the ringing condition is established by the 
connector, —10 volts is placed on the Ringing 
Machine Start Control input lead RMST (Figures 
10 and 12), which provides +10 volts on its out- 
put lead. At all other times, ground on the Ringing 
Machine Start Control input lead maintains a 
slight negative potential on its output lead, which 
prevents operation of the Ringing Tone Generator. 


When +10 volts appears on the Ringing Ma- 
chine Start Control output, the Tone Sequence 
Control operates and places —10 volts in sequence 
on output leads 1, 2, 3—one at a time. Each time 
the —10 volts appears on output lead 3, the in- 
terrupter receives one pulse; thus the Tone Se- 
quence Control performs three complete cycles. 
Then the interrupter places —10 volts on its out- 
put, and the Tone Sequence Control stops. 
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Negative 10 volts on the three oscillator inputs 
causes the following frequencies to be generated: 


Input 1: Approximately 500 cps 
Input 2: Approximately 600 cps 
Input 3: Approximately 400 cps 


The frequency of each tone can be adjusted to 
provide a harmonious combination of three tones. 
The duration of the ringing interval is controlled 
by regulating the speed of the Tone Sequence Con- 
trol, and the length of the pause between two ring- 
ing intervals can be changed by adjusting the time 
constant of the interrupter. 


Answer 


When the called party answers, gate G-2 in the 
called line circuit is opened to the coincident pulses 
on the corresponding DP lead and lead S, passing 
them to lead C. These pulses arrive at G-19 (Fig- 
ure 10) coincident with those from DY-5, and pass 
through G-19 and G-25 to flip FF-5. Ground on 
FF-5 lead “0” closes G-21, to block pulses in the 
called-party time slot fron: lead RC—and thus trip 
the ringing. FF-5 also closes SG-3, to stop the ring- 
back tone. 


Transmission 


Transmission gate TG in the called line circuit 
is opened in the corresponding time slot, in re- 
sponse to closure of the line loop. A transmission 























Ringing and Tone Signal Generator Module 


path is now completed between the two line cir- 
cuits, through their respective line transmission 
gates, link gates TG-1 and TG-2, and the negative- 
impedance repeater connected between them. The 
repeater acts as a low-pass filter, and thus prevents 
passage of the 50 kc. multiplex pulses. Because of 
the storage action of shunt capacitors included as 
part of the negative-impedance repeater, audio 
signals are passed between the transmission gates, 
even though they are opened alternately. The re- 
peater introduces sufficient gain to more than com- 
pensate for the loss introduced by the multiplex 
operation. 


The transmission gate circuits of Figure 10 pro- 
vide a means for connecting two channels of a 
single-lead multiplex highway through an audio 
channel which includes the negative-impedance 
repeater. The transmission path (lead +L) carries 
all conversations simultaneously on a time-division- 
multiplex basis. When a pulse in the calling-party 
time slot is applied to pulse lead P of transmission 
gate TG-1 (shown in detail in “H’’, Figure 10), 
the voice frequencies from the calling line appear 
on audio lead 1 (LA-1) ; similarly, when a pulse in 
the called-party time slot is applied to lead P of 
TG-2, the voice frequencies from the called line 


appear on lead LA-2. Because of storage action of 
shunt capacitors, audio signals are passed between 
the transmission gates, even though they are opened 
alternately. 


The series-type negative-impedance repeater of 
Figure 10 amplifies conversation in both directions 
on leads LA-1 and LA-2. The gain provided by 
the repeater approximately equals the losses due 
to the low transmitter current (about 30 ma.) and 
the losses in the transmission lead gating circuits, 
so the transmission quality and amplitude of our 
electromechanical type systems is maintained. 


Connected to the repeater is a Tone Amplifier 
A-10. When dial, busy or ring-back tone is applied 
to A-10, the amplified tone is fed through the re- 
peater to the calling party. 


Negative-Impedance Repeater 


The feedback arrangement of the repeater 1s 
called a “‘negative-impedance converter’ because 
in effect it converts the positive impedance of a 
network into a negative impedance. This negative 
impedance is inserted in series with the positive 
impedance of the line, by an input transformer 
coupling. The voice-frequency gain characteristics 
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of the repeater can be controlled by adjustments 
of the network. 


In the event that the called party disconnects 
first, the pulses on lead C in the called time slot 
are blocked; however, pulses in the calling time 
slot remain on lead C because they circulate over 
leads S and C through the calling line circuit. 
There is no effect on the link circuit at this time. 


When the calling party subsequently disconnects, 
the pulses on lead C in the calling time slot are 
also blocked. This causes FF-2 to flop by a pulse 
from DY-2. Negative 10 volts on FF-2 lead “0” 
causes SSD (after a short delay) to generate a train 
of pulses; thus causing SS to advance to its normal 
position N. Lead ON then returns to ground and 
prevents SSD from generating additional pulses, 
closes G-14 to block any pulses circulating in DY-5, 
closes all gates which were opened during switch- 
through, and resets FF-5 by removing —10 volts 
from its blocking lead L-1. The —10 volt step volt- 
age on lead N is applied to differentiating circuit 
DF-2* to produce a brief pulse on the inhibit input 
INH of DY-2, and thus block the pulses circulat- 
ing therein. The HOLD lead of DY-2 then restores 
from —10 volts to ground, resetting FF-1 and 
FF-2. 


If the calling party disconnects first, the pulses 
on lead C in the calling time slot are blocked, while 
those in the called time slot remain. In the absence 
of a coincident pulse on lead C, IG-2 passes pulses 
from DY-2B to flop FF-2 in the calling time slot, 
but FF-2 is flipped by the next pulse on lead C in 
the called time slot; hence it oscillates at 50 kc, 
remaining in the “1” state at least ten per cent of 
the time, depending on the particular time slots 
involved in the established connection. As long as 
FF-2 continues to oscillate between its “0” and “1” 
states, it prevents SSD from operating, and hence 
holds the link circuit. When the called party sub- 
sequently disconnects, FF-2 is no longer flipped by 
pulses on lead C, and the release is effected in the 
same manner as described previously. 


Amplifiers 


The amplifier of “D” (Figure 10), which could 
represent amplifier A-2, is typical of the amplifiers 
used in the logic circuitry. In the absence of an 





*Refer to Page 115 for description of DF-2. 
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input signal the base of the transistor is clamped 
to ground through a diode, causing its emitter to 
float at approximately ground potential. A current 
of 3 ma. flows from +10 volts through the 3.3 
K-ohm resistor to the emitter, where it divides into 
three branches; 1 ma. flows through the diode of 
a succeeding “and” gate and its 10 K-ohm resistor 
to —10 volts, another 1 ma. flows through another 
diode of another “and” gate and a second 10 
K-ohm resistor to —10 volts, and the remaining 
1 ma. flows in the emitter-collector path of the 
transistor to —10 volts. When a —5 volt signal 
appears at the base of the transistor, its emitter 
drops to nearly —5 volts, decreasing the current 
through CR-2 and CR-3; the current previously 
flowing in these diodes is now transferred to the 
corresponding outputs. With—5 volts at the emit- 
ter of the transistor, a current of 0.5 ma. flows in 
the INH input of IG-2, and 4.5 ma. flows through 
the 3.3 K-ohm resistor; thus the total collector cur- 
rent is 5 ma. It should be apparent that the value 
chosen for the emitter resistor R1 depends on the 
number of outputs controlled by the transistor; for 
example, in A-3 a 4.7 K-ohm resistor is used, since 
this amplifier has a lighter load (not shown). 


Differentiating Circuit DF-1 (see Figure 10) 


In this system two differentiating circuits are 
used in each link. Differentiating circuit DF-1 is 
typical of such circuits. It is provided to convert 
step-function signals on the inputs of IG-3, and a 
pulse train on the inhibit lead, into a single pulse at 
its output. 


The 500 puf capacitor (“E”, Figure 10) 1s 
normally discharged. When a line is found by the 
link, —10 volts is applied to lead UA (Figure 10) 
to prepare for receipt of dial impulses. This po- 
tential is applied to the input of DF-1, but this 
point is clamped to ground on lead FF-2 “0” at 
this time. Upon receipt of a dial impulse, lead 
FF-2 “0” switches to —10 volts for the duration 
of the impulse. Since the operation of the flip-flop 
controlling lead FF-2 “0” is initiated by an output 
pulse obtained from the line-finder delay line lead 
DY-2B, this lead will always have a negative signal 
on it at the time that lead FF-2 “0” swings nega- 
tive. Lead DY-2C from this same delay line swings 
negative shortly after DY-2B, and remains negative 
until the expiration of the succeeding time slot. 
Thus, to insure that the output of DF-1 coincides 
with the start of a subsequent time slot, IG-3 in- 








hibits and prevents the signal from reaching DF-1 
until the expiration of the next time slot after that 


in which FF-2 flops. 


Ignoring lead DY-5B for the time being: follow- 
ing the expiration of the pulse on DY-2C, IG-3 
no longer inhibits, and point DF-1A swings nega- 
tive, permitting the capacitor in DF-1 (“E”, Fig- 
ure 10) to charge through a resistor, thus creating 
a negative spike at DF-1B which sets flip-flop FF-4. 
Within two microseconds this capacitor charges to 
a point where a diode conducts and interrupts the 
flow of current over lead FF-4 “S”. The capacitor 
continues to charge at a slower rate through the 
1 meg. resistor R-1. The flip-flop FF-4 (Figure 10) 
controls gate circuits in the recirculating path of 
delay line DY-5 in this path, when FF-4 is set to 1. 
The next output pulse from DY-5 is then delayed 
two microseconds, displacing the succeeding output 
pulses one two-microsecond time slot from their 
previous position. The delayed pulse also resets 
FF-4; hence only one such shift in time position 
takes place. It is imperative that FF-4 be operated 
only once during a dial impulse; the rapid dis- 
charge of the 500 pyf capacitor in DF-1 during 
the setting of FF-4 to “1” provides such assurance. 
It will be noted, however, that the input to DF-1 
does not remain at —95 volts continuously; instead, 
it drops back to ground each time IG-3 is inhibited 
in response to a pulse on the INH input. Due to 
the fact that the duty cycle of the pulses is very 
low, the output of DF-1 is at —5 volts far longer 
than it is at ground; hence the 500 pwyf capacitor 
never discharges sufficiently during such pulses to 
again operate FF-4. 


From the above description it should be obvious 
that it would be undesirable to operate FF-4 while 
a pulse is being recirculated from the output of 
DY-5 to its input, because of the likelihood of 
mutilating the pulse. In order to prevent such an 
occurrence, the output DY-5B is fed to the INH 
input of IG-3, to block transmission of a pulse 
through DF-1 until the recirculating operation has 
been completed. 


Differentiating Circuit DF-2 


The function of differentiating circuit DF-2 
(“E”, Figure 10) is quite different from that of 
DF-1. When the link circuit is idle, lead N is con- 
nected to —10 volts, and the 0.1 yf capacitor is 
charged to —10 volts. Diode CR-2 is then non- 
conducting. When the link is in use, lead N is re- 
turned to ground through 10 K-ohms. Point X 
swings positive to nearly + 10 volts, and gradually 
returns to ground as the .01 wf capacitor charges 
through the 100 K-ohm resistor R2. During release 
of the link at the end of a call, lead N is returned 
to —10 volts. A —10 volt transient is then trans- 
mitted through DF-2 to lead DY-2 “INH”, to 
interrupt the circulating pulse in DY-2. When the 
transient expires DY-2 is idle, but is ready to again 
circulate pulses when the Link Allotter again selects 
the corresponding link for use. Lead DF-2B (“E”, 
Figure 10) is clamped to ground so that positive 
pulses are shunted to ground via CR-3, but nega- 
tive pulses are passed out lead B. 


Gate Circuit G-9 


This gate is a special-purpose circuit necessitated 
by the fact that the outputs of the Sequence Switch 
do not overlap. The input to DY-5 is controlled 
by gates G-9 and G-14. Gate G-9 is enabled by the 
Sequence Switch in its normal or N position, and 
G-14 in its off-normal or ON position. When ad- 
vancing from N to ON there is a brief period when 
—10 volts does not appear on either N or ON. In 
order to bridge this gap and prevent false opera- 
tion of DY-5, the capacitor C-1, which is charged 
through the resistor while the Sequence Switch is 
at normal, feeds the output of G-9 to G-16 for an 
appreciable interval after —10 volts is removed 


from lead N. 


Conclusion 


The ten-line electronic system described herein 
was developed purely for experimental purposes; 
in such a small system, techniques may be learned, 
and principles verified. Future articles in the Gen- 
eral Telephone Technical Journal will discuss 
various phases of electronic telephone switching as 
applicable to larger systems. 
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THE TYPE 


SATT SYSTEM 


By Frederick L. Kahn, Systems Consulting Engineer, Automatic Electric Company 


The Type 59 Strowger Automatic Toll Ticket- 
ing (SATT) System is an advanced version of the 
“BD” SATT system described in the December, 
1957, issue of the Technical Journal. It retains the 
essential characteristics and advantages of the 
present “BD” System as recapitulated below: 


(1) It provides customer direct distance dialing 
(DDD) on a nationwide basis for station-to-station 
sent-paid messages to dialable points. 


(2) The system can be installed in a toll center 
to serve the toll center exchange and its tributary 
offices, with only a small amount of special equip- 
ment located in the tributary offices. It can also 
serve a single tributary office, if the volume of toll 
calls and toll revenues to be earned in such a loca- 
tion will justify the installation. 


(3) Completed calls are recorded on punched, 
coded, multi-channel paper tapes which can be 
automatically converted into typed toll tickets, or 
into punched cards suitable for further processing 
on standard business machines. 


(4) It is an access code system—1i.e., the calling 
party is instructed to dial a special directing code 
to access the toll ticketing system. Following the 
access code, the calling party dials the called num- 
ber (7 digits) for toll calls within his own num- 
bering-plan area, or a three-digit area code plus 
the called number to other numbering-plan areas. 


(5) The calling number can be identified auto- 
matically (“B” service) or by a checking operator 
(“D” service). These two methods of operation 
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can be mixed; e.g., “B” service may be offered in 
the toll center, and “D” service for tributary offices; 
or “B” service may be given to frequent toll users 
(such as one-party business lines), and “D” serv- 
ice to all other lines. 


Automatic number identification (“‘B” service) 
obviously has greater appeal because it completely 
eliminates any need for operators on customer- 
dialed toll calls. However, this feature may involve 
a substantial initial investment, plus station con- 
version expense. Hence, the choice of the two 
methods of identification, in any desired combina- 
tion, offers the operating company a means of 
limiting the initial expenditure for DDD service 
and yet making this attractive high-speed toll serv- 
ice available to its customers, with subsequent up- 
grading from “D” to “B” service over a period of 
years, when warranted. 


A number of the present Type “BD” SATT in- 
stallations started in this way with 100% “D” 
service. Jobs with 100% “B” service initially are 
largely confined to locations where no checking 
operators are available locally or in a nearby ex- 
change of the same company. 


Experience with ““BD’’ SATT System 


The first “BD” SATT system was cut over in 
April, 1956 at Gibsonia, Pennsylvania; by the end 
of 1958, a total of 28 installations of this system 
were in service. All but one of them are located in 
small and medium-size toll centers (or toll points) 
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and provide service to the toll center exchange 
and its dial tributaries. Twelve additional “BD” 
systems are scheduled for cutover in 1959. 


The features and services of the “BD” system 
have proved very satisfactory, attractive, and prof- 
itable to the companies operating these toll ticket- 
ing systems. Initial experience in these installations, 
and new operating requirements of larger toll 
centers, have Ied to improvements in the system 
design that are incorporated in the new Type 59 
‘“Dual-Service” SATT System which is now in 
production and will see initial field service late in 
1959. This new system supersedes the “BD” system. 


The term “dual-service” has reference to the 
two basic methods of calling-number identification 
previously referred to by the letters B and D. 
These arbitrary letters will henceforth be replaced 
by the more descriptive letters ANI (for “Auto- 
matic Number Identification”) and CKO (for 
“Checking Operator” service). 


Type 59 “‘Dual-Service’’ SATT System 
New Features 


The principal improvements incorporated in the 
Type 59 “Dual-Service” SATT System are sum- 
marized below; some will be covered in more detail 
subsequently: 


a) Full-automatic number-identification for 
two-party lines has been simplified; special SATT 
(party-identity) dials are no longer required for 
such lines. This favors more extensive use of ANI 
service for two-party lines, as it reduces station 
conversion expenses. 


b) A new detector for ANI service provides this 
service more economically. This improvement, in 
combination with the above, will permit greater 
initial use of ANI service in marginal situations. 
The new detector is an adaptation of the circuit 
used with the Type “A” SATT system, which, in 
ten years’ actual operation, has been found ex- 
tremely reliable. 


c) The new system has a greater choice of ac- 
cess codes; the present “BD” system requires an 
access code of two or three digits, the last of which 
normally must be 0. The Type 59 system can use 
any one-, two-, or three-digit code. It also permits 
use of code 112, which is favored by many Inde- 
pendent operating companies because of its wide 
use in step-by-step exchanges of the Bell System. 








d) Additional facilities are available to block 
extension of customer-dialed calls through the 
SATT system to unauthorized points, distant op- 
erators (other than intercepting), and to nearby 
exchanges that are normally accessible without toll 
charges. 


e) Automatic answer and call distribution are 
provided for calls extended to checking operators; 
CKO supervision and monitoring features have 
been expanded. 


f) Access to checking operators is made con- 
tingent on availability of an idle toll circuit. 


g) Multi-frequency pulsing can be supplied, on 
an optional basis, for calls extended to and via 
common-control-type switching centers. 


h) The computer has been expanded to provide 
automatic rating when six-digit analysis (area code 
plus office code) of the called number is required. 


Limitations 


The Type 59 “Dual-Service” SATT system can- 
not be used for person-to-person calls, collect or 
credit card calls, calls on which time and charges 
are requested, or calls from paystations. Calls of 
this nature require operator handling; only calls 
to automatic exchanges, or to manual exchanges 
with call indicator equipment, are dialable. How- 
ever, dialable station-to-station sent-paid messages 
—for which this SATT system is designed—repre- 
sent from 50% to 80% of all toll messages (de- 
pending on the characteristics of the exchange 
areas served by the SATT installation, and their 
proximity to other exchanges). This percentage 
generally increases when DDD is introduced, be- 
cause customers prefer the faster service to op- 
erator handling of calls. 


Operation and Service Features 


A trunking diagram of a typical Type 59 “Dual- 
Service” SATT System is shown in Figure 1. The 
right-hand side covers the SATT equipment norm- 
ally located in a toll center; the left side, the facil- 
ities for tributary and sub-offices. 


The major equipment units of Type 59 SATT, 


and their functions, are described as follows. 


The “Dual-Service”’ Ticketer 


The “Dual-Service” Ticketer is the most impor- 
tant SATT unit. It is seized at the start of a toll 
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call, after the access code has been dialed, and it 
is held for the entire duration of the call. Since the 
same Ticketers handle all calls—from the toll cen- 
ter or from tributary offices, and with either auto- 
matic or checking operator identification—the total 
number of Ticketers is always available for the 
traffic of the system. 


The basic functions of a Ticketer are: (a) to 
record and store called and calling numbers; (b) 
start timing the call when answer supervision is 
received, and to accumulate the total conversation 
time; (c) to transfer these three items to a Tab- 
ulator immediately at the end of a completed toll 
call. 


A calling number is recorded in the Ticketer by 
automatic action of the Detector (ANI service), or 
by keying-in from a checking operator’s position. 
A call cannot be completed unless the seven-digit 
calling number is first stored in the Ticketer. 


If an attempted toll call does not result in a 
completed chargeable connection, the Ticketer is 
released instantly when the calling party hangs up. 
It does not pass any call data to a Tabulator, and 
no tape record is produced of such call attempts. 


Transenders and Translator 


Transenders are register-senders that control the 
dispatching of the toll calls. An idle Transender 1s 
seized by a Ticketer when a call is initiated; it 
records the first three (or the first six) digits of the 
called number, and then contacts the Translator, 
which performs the function of an automatic rout- 
ing operator. The routing information supplied by 
the Translator is stored in the ‘Transender and de- 
termines (a) the toll route over which the call 
should be extended; (b) the number and value 
of the routing digits to extend the call via route 
selectors and intermediate points to the called ex- 
change; (c) how many of the digits dialed by the 
calling party, and stored in the Ticketer, are to be 
sent after the routing digits to complete the call. 


Six-digit foreign-area translation can be provided 
for six areas. Alternate-routing features are also 
available. Code conversion is an inherent function 
of the Transender-Translator combination. A total 
of six arbitrary digits can be produced for this 
purpose. 


Outpulsing will start as soon as the destination 
is recognized in the Transender, if a call can be 
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completed on a step-by-step basis. If the call re- 
quires routing via common-control type exchanges, 
outpulsing is deferred until the entire called num- 
ber is recorded. 


The Transender is released as soon as outpuls- 
ing is completed, thus it has a much shorter hold- 
ing time than the Ticketers. Normally, there is one 
Transender for each three or four Ticketers. 


The Translator, an all-relay unit, is held only 
momentarily (about one-tenth of a second) per 
call. Only one translator is provided in the average 
sized SATT installation. Two Translators are sup- 
plied for large jobs (exceeding 100 Ticketers). 


Pulses from the subscribers’ dials operate only 
the digit-counting units of the Ticketer and Tran- 
sender; they are not sent out into the toll circuits. 
The setting up of a call from the Ticketer and 
Transender is controlled by a mechanical impulse 
generator, with closely controlled speed and ratio 
of the dial pulses normally sent over the toll 
circuits. 


For multi-frequency pulsing (an optional facil- 
ity) tone generators are also required. Such gen- 
erators usually will already be available for op- 
erator distance dialing. 


Route or Toll Line Selectors 


A Route or Toll Line Selector associated with 
each Ticketer controls the selection of a toll-circuit 
group and an idle circuit in the desired group. 
Route second (and third) selectors are provided 
in larger toll centers. Toll calls are normally ex- 
tended over the same toll circuits as toll calls ex- 
tended from the toll board. Levels assigned need 
not correspond to area or office codes, as the Trans- 
lator converts them into suitable routing digits. 


Tabulators and Perforators 


At the end of a completed chargeable toll call, 
an idle Tabulator is connected to the Ticketer. 
The Tabulator receives from the Ticketer the call- 
ing number, called number and length of conver- 
sation time; the Ticketer is then released. 


Associated with each Tabulator is a Tape Per- 
forator. The Tabulator controls the punching of 
the tape by the Perforator; it feeds to the Perfora- 
tor the ticket data obtained from the Ticketer and 
adds the calendar date and clock time (which it 
receives directly from the Dater-Timer). It also 














records its own identity and that of the Ticketer 
through which the call was made; these two items 
are useful for tracing call irregularities. The toll 
charges are also supplied if a SATT computer is 
installed. 


The Perforator produces the primary record of 
each completed call in the form of a narrow, 
punched, coded paper tape. Incomplete calls are 
not recorded. The tape normally has four chan- 
nels; five channels—as required by some business 
machines—can also be provided. 


A Tabulator-Perforator unit is used only for a 
brief period (about 10 seconds) at the end of a 
completed toll call. Therefore, only a few units 
are required; the average rate is one Tabulator- 
Perforator for each ten Ticketers. 


The record of any one call is confined to a space 
of about four inches on the tape. Any call recorded 
on the paper tape can be observed, and the record 
visually read and checked as soon as it is com- 
pleted. The paper tape can be run off repeatedly, 
and retained to meet legal requirements. A full 
roll of tape can store 3000 completed calls. Hence, 
only a few rolls of tape are to be handled by ac- 
counting personnel at any one time. 


Transcribing SATT Tapes 


The tapes are removed from the Perforators at 
regular intervals (24 hours or greater) and turned 
over to the Accounting Department. These tapes 
can be automatically converted into either printed 
toll tickets or punched cards. 


A Ticket Printer consists of an electric type- 
writer, a tape reader, and control relays. Each 
Ticket Printer can produce 400 tickets per hour. 
The January, 1959, issue of the Technical Journal 


contains an article describing this Ticket Printer. 


A tape-to-card converter is required for punch- 
ing cards. Such units are available as part of the 
business machine equipment, located in the ac- 
counting center. They may serve several SATT 
installations, provided the information on the tape 
is arranged uniformly in the various locations. 


Rating of SATT Messages 


When punched cards are used, SATT messages 
are usually rated automatically by means of com- 
puting machines in the accounting center. When 
SATT tapes are converted into printed toll tickets, 





a special SATT Message Computer can be sup- 
plied as an optional piece of equipment to rate 
these calls automatically. Only one Computer is 
required per SATT installation. This Computer is 
part of the SATT equipment and is accessed by 
the Tabulators for rating the completed call; it 
supplies the charge to the Tabulator, which records 
it on the punched tape. Thus, the charges appear 
on the tape before further processing. 


There is some potential use of this Computer, 
even for installations in which the tape is con- 
verted to punched cards, because it eliminates sev- 
eral subsequent runs on business machines, and re- 
duces the size of master card decks for DDD calls. 


The SATT Computer, an all-relay unit, norm- 
ally rates calls to any dialable point in the home 
area and to certain distant areas. It can also be 
expanded to full coverage of one, two, or three 
adjacent areas. It can process calls up to 49 min- 
utes duration and/or $9.95 maximum. The Com- 
puter can be equipped for up to 25 originating 
rate centers that may be served by one SATT 
installation. 


Present experience indicates that a SATT Com- 
puter properly engineered for the specific job re- 
quirements can automatically rate 95 to 98% of 
all customer-dialed toll calls. If it is unable to rate 
a call, subsequent records (ticket or punched card) 
will indicate that manual rating is required. An- 
other article (see page 129 in this issue of the 
Technical Journal) covers the SATT Computer in 
greater detail. 


Where a Computer cannot be economically jus- 
tified, SATT tickets can be manually rated by the 
same personnel handling other toll tickets. 


Automatic Number Identification (ANI) 


The ANI features of this system are so flexible 
that they deserve a rather detailed description. 


This facility is now available for terminal-per- 
station or terminal-per-line service, or for both 


types of service in the same exchange. It can be 
provided for all lines of an exchange, or on a lim- 
ited basis. In the latter case, it is feasible to expand 
ANI service progressively, such as starting with 
one-party lines, adding two-party lines later on, 
etc. However, the ANI features are available only 
for step-by-step type offices. 
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Line identification is accomplished by the De- 
tector, which consists of common equipment plus 
access equipment that is normally supplied in 
groups of 100 connector terminals. In case of lim- 
ited or partial ANI service, any call not identified 
by the Detector is automatically extended to a 
checking operator after the calling party has dialed 
the called number. 


Individual lines with ANI service do not require 
special station equipment or wiring. 


On two-party lines with full automatic number 
identification, one station on the line is treated 
like an individual line (no special station equip- 
ment or wiring). The other station requires a 
ground connection, a resistor and (in some older 
instruments) an added contact on the dial—not a 
SATT dial. To identify this station at the ex- 
change, the high-resistance ground at this station 
is placed on one side of the line when the dial is 
off-normal. 


For four-party lines with full ANI, the first and 
the second stations are treated like the stations of 
a two-party line. The third and fourth stations re- 
quire ground connections and SATT dials. 


The SATT dial is a conventional Automatic 
Electric dial to which has been added a special 
cam and a set of pulse springs. The cam sends out 
a single (“spotter”) pulse on one side of the line 
when a digit is dialed, but at a moment when the 
regular pulsing springs are closed. This pulse is 
recognized by a polarized relay in the Ticketer. 
The cam on the dial can be set to ten different 
positions so that this special “spotter” pulse may 
follow the first regular pulse, or the second pulse, 
etc.; thus by proper adjustment of the cam, it 1s 
possible to identify ten different parties on a line. 
(See Figure 3.) 


This identification is recorded in the Ticketer 
and passed to the Detector so that the latter unit 
can determine the actual directory number of the 
calling party. The operation of the “spotter” pulse 
cannot be influenced by the calling party. 


For full ANI on lines having more than four, 
but not more than ten parties, a SATT dial with 
a properly adjusted “spotter” cam is required at 
each station. In order to assure recognition of 
“spotter” pulses from such multi-party lines, it is 
essential to have digit 0 as the last digit of the 
access code (as with the present “BD” system). 
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Figure 2. Toll Ticket 


This unique, fully-automatic, fraud-proof ANI 
system may require considerable station conversion 
in areas that still retain extensive multi-party serv- 
ice. This conversion expense can be obviated by 
providing CKO service for multi-party lines or by 
depending on specific station identification by the 
calling party. The latter method is called ‘“semi- 
ANI.” The Detector will identify the line but the 
party making the call must identify his station by 
dialing a single digit after the access code and 
ahead of the called number. This digit is recorded 
in the Ticketer and performs the same function as 
the “spotter” pulse—it permits the Detector to iden- 
tify the directory number of the calling party. 


This method does not require special dials or 
special wiring at any station. However, due to the 
variable station-identifying digit, it lacks uniform- 
ity of DDD procedure. This difficulty can be partly 
overcome by combining the real access code with 
the station digit, and showing the resultant num- 
ber as a “DDD code” on the dial number plate, 
with instructions to initiate a DDD call by dialing 

















PULSING 
SPRINGS CAM CAM 


IMPULSING SPOTTER 


Figure 3. SATT Dia! 


the DDD code “as shown on your dial” (See Fig- 
ure 4). For example, if the real access code is 16, 
the dial cards of all parties “1” will show DDD 
code “161”; those of the second stations on party 
lines will show code “162,” etc. 


Access Codes 


With CKO service, any code (one, two, or three 
digits) may be used for DDD access. 


With ANI service, the same choice of codes is 
available if ANI service is full-automatic and lim- 
ited to a maximum of four parties. With full ANI 
for more than four parties per line, an access code 
ending in 0 is required. 


In systems offering both CKO and full ANI for 
not more than four parties, the same access code 
can be used by all subscribers. 


The Ticketer is normally accessed by the last 
digit of the access code. In systems offering full 
ANI ten-party service or “semi-ANI” service, the 





last digit of the DDD code is recorded in the 
Ticketer. 


Paystations 


Paystations are not entitled to DDD service be- 
cause no means are provided to assure collection of 
proper toll charges. Where prepay stations are 
used, they can be blocked from DDD service by 
restricting the SATT access level of the paystation 
first or second selectors. This method is not norm- 
ally suitable for postpay stations, however, as such 
stations are not usually served by separate finder 
groups. However, in the case of 100% ANI serv- 
ice, such stations can be restricted by the Detector. 


With CKO service, the regular class-of-service 
tone is normally used to identify DDD call at- 
tempts from postpay stations. The checking opera- 
tor, recognizing this tone, advises the calling party 
on correct toll-call procedure. She can also enforce 
release of such calls by operating a key on her 
position. Other special facilities for blocking DDD 
access are also available. 





YOUR DDD CODE 





Figure 4. DDD Code on Dial Plate 


Checking Operators’ Equipment 


The Checking Operator work will usually be 
performed at special cordless positions designed 
exclusively for this purpose. Where CKO traffic is 
light, it may be handled in combination with other 
work, at regular toll or DSA positions. In most 
cases, it will prove desirable to use special CKO 
service positions during the busy hours, and to 
shift the load to toll or DSA positions during the 
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lighter hours. In some installations, customer toll 
dialing will reduce manual toll operations to the 
extent that some existing toll positions can be 
initially assigned exclusively to CKO service; 
hence, new CKO positions will not be required. 


A floor-type cordless CKO position is avail- 
able, for installations requiring separate positions. 
This position has a sloping panel, with a keyset, 
supervisory lamps and accept key (Figure 5). 


To convert existing manual toll or DSA posi- 
tions to provide CKO service, the most essential 
item is a keyset. If a keyset is not presently avail- 
able, space for it can usually be found on the posi- 
tion, or on an adjacent Calculagraph shelf. The 
accept key and supervisory lamps can always be 
located in some spare escutcheon space. (CKO 
service does not require keysenders; only a keyset. ) 


The relay equipment associated with these posi- 
tions or other CKO functions is mounted on relay 
racks. The operators’ link circuits permit any Tick- 
eter to be connected to any operator. 


For larger installations (5 or more CKO posi- 
tions), a CKO supervisory circuit is available. It 
can be mounted on a floor-type cordless position 
of the same design as the regular CKO positions, 
or elsewhere. 


The checking operators are normally in the 
same exchange as the SATT installation. How- 
ever, they can be located in another exchange and 
perform their functions by remote control over 
separate control trunks. An installation of this type 
at Flora, Illinois, is described in the December, 
1957, issue of the Technical Journal. 


CKO Service Features 


When a DDD call is made from a line without 
ANI service, the call will normally be extended to 
an idle CKO operator from the Ticketer via link 
circuits, as soon as the calling party has finished 
dialing the called number. 


In any staffed CKO position, the accept key is 
normally operated; an automatic distributor allots 
each call to an idle, staffed position. When a posi- 
tion is seized, an audible tone and a lighted lamp 
advise the CKO operator that a call has been con- 
nected to her position. This tone is also heard by 
the calling party, who may learn to give the op- 
erator his own number immediately. Normally, the 
operator requests the calling party’s number by 
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asking: ‘What is your number, please?” and keys 
the seven digits of the calling number directly into 
the Ticketer. 


Disconnection of the CKO operator can be ac- 
complished by two methods: a) automatically, as 
soon as she has keyed seven digits, or b) by op- 
eration of a separate “disconnect” key. An operator 
cannot re-enter a connection after she has been 
disconnected, nor can she be re-signalled by the 
calling party. 


If the calling party has dialed a non-existent or 
blocked area or office code, or if an all-trunks-busy 
condition is recognized before the calling party has 
finished dialing the called number, the call will 
not be extended to a checking operator; instead, 
the calling party will receive the busy signal. 


A number of safeguards are provided for CKO 


service, such as: 


a) In the event that the subscriber has passed 
the called number to the operator instead of the 
calling number, a signal indicating this error will 
be given to the operator. The operator can then 
obtain the correct calling number. Aside from this, 
there is no automatic checking feature of the call- 
ing number. 


b) Most conditions of faulty keying (e.g., sim- 
ultaneous operation of two keys) will cause flash- 
ing (at 120 IPM) of the supervisory lamp. The 
operator can wipe out any stored digits by operat- 
ing the “Error” key, and can then rekey the calling 
number. This can be done following any digit (ex- 
cept that where the “Disconnect” pulse is sent 
automatically, the final digit cannot be corrected). 


c) If insufficient digits, or more than the correct 
number of digits are keyed, she also receives the 
“Error” signal (flashing lamp); the operator can 
then rekey the correct number of digits. With auto- 
matic disconnect, it is, of course, not possible to 
key an excessive number of digits into the Ticketer. 


d) If the operator fails to operate the “Discon- 
nect” key (where provided), the circuit will auto- 
matically send a “Disconnect” pulse after three 
seconds. 


e) A “Forced Release” key is provided to per- 
mit release of the position and other SATT equip- 
ment in case of calls from postpay stations, or other 
service irregularities. 








The principal features of the new supervisory 
circuit are: 


Automatic adjustment of the indication for de- 
gree of overload, in accordance with the number 
of positions staffed. 


Visual indication of the condition of each posi- 
tion with regard to being staffed, conditioned to 
accept calls, or busy with a call. 


Visual and audible indication to the supervisor 
of overload condition. The lamp indication is also 
available to the operators under control of the 
supervisor. 


MISCELLANEOUS FACILITIES 


The Dater-Timer is an electrical clock-calendar 
that provides the month, day and clock time. It is 
common to an entire SATT installation; a dupli- 
cate unit is usually provided as a standby. 





Figure 5. CKO Service Desk 





Clock time is recorded on a twenty-four-hour 
basis. The unit also provides a separate indication 
for day- or night-rate periods. The calendar part 
operates on a four-year cycle, and provides for leap 
years without special setting. Sundays are auto- 
matically recognized; special holiday rates can be 
set up by manual keysetting, in advance of the 
holiday. 


A new portable Ticketer test box will be sup- 
plied with all installations; this test set permits 
each Ticketer to be tested directly through test 
jacks on each unit. 


A monitor and test panel is provided for instal- 
lations exceeding 20 Ticketers initially. This panel 
offers continuous visual supervision of the usage of 
Ticketers, Transenders, Tabulators, CKO facilities 
and the Detector equipment; it permits monitoring 
all calls in progress, and also call-through testing 
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(from the test panel) of all Ticketers and asso- 
ciated equipment. 


Traffic meters are regularly furnished to record 
essential data of SATT usage, such as attempted 
and completed calls, CKO operator call load, ATB 
condition of Ticketers and Transenders, etc. 


Mountings and Floor Space 


The Ticketers, Transenders and Route Selectors 
are jack-mounted. Ticketers use a new swing-in- 
type mounting, and each Ticketer requires two 
double-width mounting bases. Each Transender 
normally consists of three units, with a fourth relay 
group for MF pulsing. All other equipment is 
relay-rack mounted. 


Figure 6 shows the racks and floor dimensions 
of the equipment initially required for an average- 
size job (36 Ticketers) in solid lines; this is based 
on the use of 11’8” racks. The additional racks to 
increase the size of the SATT installation to twice 
the initial size (72 Ticketers) are shown in dotted 
lines. The initial selector equipment may not al- 
ways require a separate selector frame, as a small 
number of such switches can usually be mounted 
on existing trunkboards. 


The first row of small racks (either 11’8” or 
90” high) mounts common equipment that is ade- 
quate for up to 100 Ticketers (the second CKO 
equipment rack, shown dotted, is required for 
Ticketers 51-100). The two Detector racks will 
hold ANI access equipment for 5000 terminals 
(on 11’8” racks) or 3600 terminals (on 9’ racks). 


The principal units controlling floor space, how- 
ever, are the Ticketer frames, which mount 12 
Ticketers, if 11’8” high, or 9 Ticketers, if 9’ high. 


Most racks are less than 6’ wide; this permits a 
flexible floor layout, in that small vacant spaces in 
existing switch rooms can be utilized for some of 
these racks. 


Equipment for Tributary or Sub-Offices 


The Type 59 SATT system can be installed in a 
tributary exchange when economically warranted 
by toll traffic; this would be done, however, only 
if the toll center exchange is not served by the 
same operating company. An installation of this 
type will generally require the equipment and 
facilities described in the preceding sections, al- 
though it may be found possible in some situations 
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to omit certain items of equipment (such as the 
Translator or the Route Selectors) due to the sim- 
pler toll circuit and routing structure of a tribu- 
tary exchange. 


This section will deal with the more normal 
situation where SATT equipment is installed in 
the toll center exchange, and tributary or sub- 


offices are to be given access to this facility over 


one-way or two-way interoffice trunks. 


The dual-service features also apply in this case; 
either ANI or CKO, or a combination of both 
services, can be offered. 


Tributary or Sub-Offices with ANI Service 


Whenever ANI service is to be offered in an 
outlying office, it is necessary to provide one-way 
DDD trunks at the SATT office, as shown in Fig- 
ure 1. These one-way trunks are accessed from a 
level of the first or second selectors. The number 
of one-way SATT trunks is determined by the 
SATT traffic originated in the sub-office. 


At the SATT office, these trunks terminate on 
one-way incoming trunk circuits, which in turn 
connect to pre-selecting rotary switches for access 
to the common group of dual-service Ticketers. 


Inward and operator-handled traffic are han- 
dled on a conventional basis, over other one-way 
or two-way trunks. 


A separate Detector is required in each office 
with ANI service. The general facilities for ANI 
service are the same as described earlier (and are 
similarly limited to step-by-step offices). ANI serv- 
ice can be offered for all lines—or for part of the 
lines, with CKO service for other lines. The calling 
number is sent forward to the Ticketer by high- 
speed pulses over the one-way SATT trunk, with- 
out interfering with the dialing of the called num- 


ber by the calling party. 


Tributary or Sub-Offices with CKO Service 


Where only CKO service is offered at a tribu- 
tary or sub-office, very little special equipment is 
required, and there is a choice of one-way or two- 
way trunks to the SATT office. Two-way trunks 
will handle both operator- and customer-dialed toll 
traffic; hence, they are usually referred to as dual- 
function trunks. 


One-way trunks are provided for customer-dialed 
calls if the volume of traffic justifies dividing the 
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Figure 6. Rack and Floor Dimension Chart 


groups, or if the cost of converting existing trunks 
to dual-function service is high. These trunks will 
follow the arrangement shown in Figure 1, but 
SATT trunk units for CKO service are simpler. 


Usually, however, it will be advantageous to 
handle SATT calls over two-way trunks, as shown 
in Figure 1. This switching arrangement shows a 
dual-function trunk with dual access (from levels 
QO and 11) at the tributary end, and a two-way 
trunk circuit preceding an incoming selector at the 
main office end. This switch is operated by the last 
digit of the access code, to extend DDD calls to 
the common group of Ticketers. 


If the dual-access trunk is seized from level 0, 
a single pulse will be sent automatically to step the 
incoming selector to level 1. This will extend the 
call to the toll board in one of two ways: one-way 
CLR trunks may be connected to this level; alter- 
natively, if the two-way trunks have a jack appear- 
ance on the toll board, selection of level 1 will 
cause the lighting of the answering lamp of the 
respective two-way circuit. This lamp is retired by 
the operator’s answer. 


The use of an incoming selector provides the 
additional advantage of permitting special-service 
calls from the tributary exchanges to be routed 
directly to special-service desks without assistance 
from the toll operator. Figure 1 shows this feature 
for calls to Information (code 113); the same 
method can be applied to other services, such as 
Repair Service, etc., by suitable code assignment. 


Two-way trunks that provide the operating fea- 
tures just described require special dual-access cir- 
cuits at both terminals. Existing two-way trunk 
circuits in tributary offices can in some cases be 
converted to dual-access service by means of an 


applique circuit. 


It is not always necessary, however, to convert 
all two-way trunks to this service. When SATT 
traffic is light and represents only a small portion 
of the trunk traffic, some trunks may be used as 
first-choice trunks from level 0 without correspond- 
ing access from the SATT access level. This re- 
duces the cost of converting existing circuits, and 
the number of incoming selectors at the main office. 
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CKO Versus ANI Service in Tributary Exchanges 


The preceding description of facilities for tribu- 
tary exchanges demonstrates the versatility of the 
Type 59 SATT system. It should be evident that 
CKO service in a tributary exchange requires only 
a small amount of changes or additional equipment 
—hence only a small expenditure—to make DDD 
service available for these exchanges, which gen- 
erally have but a few hundred lines and do not 
produce much toll traffic. 





To provide ANI service for such small ex- 
changes, however, requires a greater investment 
because of: (a) the separate Detector for each 
exchange; (b) the additional SATT trunks, and 
(c) the higher cost of ANI trunk circuits. Thus, 
the economics do not favor ANI service in small 
tributary exchanges unless they have an unusually 
high toll calling rate, or there are no operators 
available for CKO service. 


Conclusion 


Based on present experience, it is reasonable to 
expect that CKO service will be the normal type 








of service for tributaries of Type 59 SATT instal- 
lations. This will require the provision of checking 
operators, who may be located in the toll center 
or in a nearby exchange. This fact will, in turn, 
be reflected in the services offered to the subscrib- 
ers at the toll center itself, for if CKO operators 
are available, advantage can be taken of this fact 
to handle DDD calls from multi-party lines by 
CKO service; this will reduce the initial invest- 
ment, which would otherwise include station con- 
version and other expenses to provide ANI service. 


With multi-party lines taken care of in this man- 
ner, full ANI service can be justified for one-, two-, 
and possibly four-party lines. This will then result 
in the ideal combination of services and features 
which this new system is best suited to offer: full- 
automatic number identification for regular toll 
users, CKO service for the lines with light toll 
usage, and a uniform, single access code to provide 
modern DDD service for all customers now, with 
gradual upgrading to complete ANI service in the 


future. 








THE TYPE 59 


SATT COMPUTER 


featuring 


Adjacent-Area Controls 


By Maurice H. Esperseth, Project Engineer, 


General Telephone Laboratories, Inc. 


In a Strowger Automatic Toll Ticketing (SATT) 
system, as with any method of handling toll traffic, 
a very important step is the “rating” of toll calls— 
that is, the computing of charges on each indi- 
vidual call. For ticketed traffic, this involves con- 
sideration of three basic factors: (1) 
between point of origin and destination; (2) length 
of conversation in minutes; (3) specific day, and 
time of day, the call was made. 


distance 


The punched tape produced by SATT equip- 
ment is a permanent type record, that can be sub- 
sequently used for rating the call by one of the 
three following methods: 


Manual—by automatically converting the tape 
record into printed tickets, which can then be 
manually rated in the same manner as the tickets 
produced by the operators on operator-assisted 
calls. 


Semi-Automatic—through punched-card ma- 
chines which produce a stack of punched tabu- 
lating cards from the perforated tapes. A “deck” 
of master-rate cards is then sorted into the stack, 
and each toll card is punched with charge in- 
formation from the proper rate card, as the 
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ADJACENT AREA 
RELAY CIRCUIT 


Figure 1. SATT Computer with Adjacent Area Relay Circuit 
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Figure 2. Schematic of Computer Operation 
stack is passed through a “summary punch.” then a significant volume of the ticketed traffic 
This method is only semi-automatic, in that a cannot be automatically rated by “home-area” 
series of punched-card machines are used, and Computers. 
manual loading and unloading is required. It seated 
5 5 : The new Computer, shown in Figure 1, fills such 
also has the disadvantage that, as the DDD net- - 
: needs by providing equipment to analyze all the 
work expands, the size of the master rate deck ; , 
; ' office codes in one or more adjacent areas to which 
will become unwieldy. 
enough calls will be made to warrant the added 
Automatic—Since we already have all rating in- equipment. It has the following features: 


formation on each call at the time the tape is 
punched, it is most logical to complete the rat- 
ing operation at this time, and include the a) Three-digit 
computed charges in the data permanently re- b) Six-diej 

, : , ix-digit (for one adjacent area 
corded on the call. That is the function of the ) git ( J ) 
SATT Computer, as described in this article. 


Destination Code Controls 


Originating Rate Center Controls 
Day- and Night-Rate Controls 


Se ers ee Conversation-Time Base-Rate Controls 
This Computer is not our first. We have other Total-Charge Controls 

computers, but they are essentially “home-area” 

computers that can analyze only three digits of the The Computer is an all-relay unit that accepts 
called number; i.e., the area-code digits on a 10- coded information on the three basic rating fac- 
digit or toreign-area call, and the office-code digits tors as an input—and returns the total charges in 
on a 7-digit or home-area call. In most installations dollars and cents for the completed toll call, as an 
these Computers have proved adequate, since most output. It can best be described by considering it 
of the traffic falls into these classes. However, if a analogous to a master card file containing a “rate 
ticketing center is located near the boundary of an card” for each unique combination of the three 
area, or if a large “community of interest” exists rating factors; the Computer interprets the input 
with a metropolitan center in an adjacent area, information to select the proper “rate card,” and 
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returns the charge information from that card to 
the Tabulator, which controls the Tape Perforator. 
Since the Computer cycle takes but a fraction of a 
second, one unit will serve an entire ticketing net- 
work, made up of a main office and various branch 
offices that are served by a common pool of ticket- 
ing equipment from the main office. 


Method of Operation (Figure 2) 
The Codel code—a four-element (WXYZ) code 


well known in SATT work—is used in transmitting 
information between ticketer and tabulator, and 
between Tabulator and Computer. ‘The Computer 
must first translate all Codel information into deci- 
mal form for the selecting process. For a seven- 
digit call within the home area, the three-digit 
called-office code is translated into a single control 
mark, the three-digit calling-office code is trans- 
lated into a single control mark, and the three-digit 
conversation-time code is converted into a single 
control mark. The three resultant controls then 
operate relays that produce a unique path to the 
toli-charge relays (the proper “rate card,” in the 
analogy of the master card file). The total charges 
are returned in Codel form to the Tabulator, and 
punched into the tape. Computer controls will vary 
with the ticketing installation; therefore, strapping 
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fields are provided to permit the Computer to be 
matched to requirements of the individual network. 


The distance factor in rating is determined by 
analyzing the calling and the destination codes 
(this is sometimes called “point-to-point” rating). 
Although rates are usually proportional to the air- 
line mileage between two points, two different 
rates might apply for the same mileage step. This 
would occur if adjacent areas in other states are 
involved. For a particular mileage step, one rate— 
from the intrastate rate schedule—would apply 
for the home area and for adjacent areas in the 
same state; a different rate—from the interstate 
rate schedule—would apply for adjacent areas lo- 
cated in other states. 


Analysis of Destination Codes 


In the nationwide numbering plan for subscriber 
dialing, the United States and Canada have been 
divided geographically into “numbering-plan 
areas,” each of which has been assigned a distinc- 
tive 3-digit “area code.” Each area code comprises 
a first digit from 2 through 9, a second digit of 
0 or 1, and a third digit from 0 through 9; from 
these 160 (8x2x10) codes are subtracted the 
eight codes of the “211, 411” family which are 
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used as special-service codes; this leaves 152 “area 
codes.” Within each area, the 2-5 numbering sys- 
tem (2 letters and 5 digits) will produce a possible 
640 office codes (8x8x10), for letters appear 
only on dial positions 2 through 9.’ 


Thus, within this numbering-plan framework, 
the destination code for a call within the home 
area will be the three-digit office code, and for a 
foreign-area call it will be the six-digit combina- 
tion of the area code and the office code. It follows 
that both three-digit and six-digit analysis of the 
called number will usually be required to deter- 
mine the distance factor in rating. Of course, if a 
single rate applies to all dialable office codes in 
the called area, analysis of the area code alone 
will be sufficient. An example of this would be a 
call from Chicago to area code 213, which com- 
prises the greater Los Angeles area. Since a single 
rate applies for calls from Chicago to any office 
code in the 213 area, three-digit analysis would 


suffice. 


Through the use of the six-digit foreign-area 
facilities of the translator the traffic to a specific 
area can be limited to a single rate treatment, so 
as to permit three-digit analysis of a six-digit desti- 
nation code. Six-digit controls are available for a 
maximum of six foreign areas. If the controls are 
not required for routing purposes, they may be 
used for single rate treatment control. This is a 
special arrangement that can be considered prac- 
tical if traffic studies show that a very high per- 
centage of the traffic to the area in question termi- 
nates in a single zone—usually a metropolitan 
center. In this case, the SATT Translator 1s 
strapped to permit only traffic to the metropolitan 
center to be ticketed, and to turn back all other 
traffic to the area, as non-dialable. 





Three-Digit Analysis 


A primary code field—an 800-point field consist- 
ing of a 160-point area-code field and a 640-point 
office-code field for the home area—permits the 
area codes to be sorted for three- or six-digit 
analysis, and permits the grouping of the 640 
home-area office codes. Office codes in the home- 
area field are combined into destination groups (a 
destination group combines all office codes that 
can be treated as a single called point for rating 
purposes; a good example would be a rate zone in 
a metropolitan area). For the ticketing installation 


\Notes on Distance Dialing, A.T.@T. Co. 1956. 
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with a single originating point, destination groups 
would be synonymous with base rates. The num- 
ber of destination groups is a function of the num- 
ber of dialable points in the home area, the number 
of foreign areas equipped for six-digit analysis, 
and the number of originating points. The Com- 
puter is normally arranged for seventy destination 
groups, with optional provision for an additional 
seventy. 


To produce a single control mark in the 800- 
point field, twelve relays are wired to the destina- 
tion code inputs (Codels 21, 22 and 23). These 
relays convert the four-element Codel input into 
ten decimal outputs. The outputs of Codel 21 
control the hundreds relays (three Bar Relays 
with 100 make combinations, for each digit). The 
outputs of Codel 22 control the tens relays (ten 
relays with ten make combinations each). The out- 
puts of Codel 23 are then wired in multiple to the 
tens relays. The 100 outputs of the tens relays are 
wired in multiple to the hundreds relays to produce 
the 800-point field. In this manner, a three-digit 
code is converted into a single control mark in an 
800-point field. 


Six-Digit Analysis (Figure 3) 


For each area that requires six-digit analysis, a 
circuit called an “adjacent area relay circuit” 
(three Type 57 relays, twenty Bar Relays, and a 
640-point field) must be provided to permit a 
grouping of the office codes in that area for the 
various rate treatments. This circuit is provided on 
an optional basis. It is expected that one or two 
circuits will prove adequate for most installations. 


If the primary code field detects an area code 
that has been selected for six-digit analysis, a relay 
will operate and lock, to mark this condition. The 
Tabulator is signaled to withdraw the area-code 
digits from the destination-code commons, and to 
switch to the office-code digits. This plan permits 
the twelve destination-code commons, the twelve 
Codel-to-decimal conversion relays, and the ten 
tens relays to be reflexed. The control relays in the 
adjacent-area relay circuit switch the outputs of 
Codel 21 from the home-area Bar Relays to the 
adjacent-area Bar Relays. 


The twenty adjacent-area Bar Relays create the 
640-point office-code field by a multiple of 64 
(hundreds and tens digits) through the unit relays 
(two Bar Relays per digit). 


SIGNALS THE TABULATOR 
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Figure 3. Schematic 
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DAY, NIGHT AND SUNDAY 
RATE Station to Station Person to Person 
MILEAGE Paid Collect Paid and Collect 
Amounts to be Added tte asin tte 
Initial Semsacsels to —— “pon 
1- 8 .10-4m .05-2m 15 25 05 
9- 13 .15-4m .05-2m 15 30 .05 
4- 18 .20-4m .05-1m 10 35 .05 
19- 24)) .25.4m .05-1m 05 40 05 
SME are ee Collect ft Pal aie ee 
DAY (EXCEPT SUNDAY) NIGHT AND SUNDAY 
Initial 3 Minutes Each Initial 3 Minutes Each 
Station Person | Additional | Station Person | Additional 
to te Minute to to Minute 
Station Person Station Person 

25- 30 .30 45 10 30 45 10 
31- 40 35 50 10 35 50 10 
41- 55 40 59 .10 40 55 10 
56- 70 45 65 15 40 60 10 
7l- 85 50 10 15 40 .60 .10 
86- 100 55 75 15 40 .60 10 
101- 124 .60 85 15 45 10 15 
125- 148 65 90 .20 .50 15 15 
149- 172 10 1.00 .20 59 85 15 
173- 196 15 1.05 .20 55 85 15 
197 - 220 80 1.10 .20 .60 90 15 
221- 244 1.20 25 65 1.00 .20 
245- 268 $0 1.25 25 70 1.05 .20 
269- 292 95 1.35 25 10 1.10 .20 
293- 316 1.00 1.40 25 15 1.15 .20 
317- 354 1.05 1,45 30 80 1.20 .20 
355- 392 1.10 1.55 30 85 1.30 25 
393- 430 1.15 1.60 .30 85 1.30 25 
431- 468 1.20 1.70 30 $0 1.40 25 
469- 506 1.25 1.75 39 95 1.45 25 
507- 544 1.30 1.80 35 1.00 1.50 25 
545- 600 1.35 1.90 35 1.05 1.60 30 
601- 675 1.40 1.95 40 1.10 1.65 .30 
676- 800 1,50 2.10 40 1.20 1.80 .30 
801- $25 1.60 2.25 45 1.30 35 
926 - 1.70 2.40 45 1.35 2.05 35 
1051 - 1175 1,80 2.50 50 1.45 2.15 40 
1176 - 1360 1.90 2.65 50 1.50 2.25 40 
1361 - 1605 2.05 2.85 55 1.65 2.45 45 
1606 - 1910 2.20 3.10 55 1.75 2.65 45 
1911 - 2300 2.35 3.30 .60 1.90 2.85 50 
2301 - 3000 2.50 3.50 65 2.00 3.00 55 




















Figure 4. Rate Table 


The office codes in this selected area are com- 
bined into destination groups and treated, here- 
after, in the same manner as the home-area desti- 
nation groups. 


Originating Rate Center Controls 


An originating rate center can be defined as any 
group of office codes that can be treated as a single 
exchange for rating purposes. For each originating 
rate center, a set of Bar Relays is provided (two or 
four Bar Relays corresponding to 70 or 140 desti- 
nation group capacity respectively). In a manner 
similar to destination-code analysis, the calling- 
office code is converted into a single control mark 
to operate the respective originating rate center 
Bar Relays. Destination groups are wired in mul- 
tiple to the originating rate center Bar Relay cir- 
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cuits; the outputs then become point-to-point rates 
or base rates. Any horizontal line in the interstate 
rate schedule (Figure 4) represents a point-to- 
point rate, or base rate; e.g., for a rate mileage of 
56-70 miles, the day rate is 45 cents for the first 
three minutes and 15 cents for each additional 
minute; the night rate is 40 cents for the first three 
minutes and 10 cents for each additional minute. 


Although there will be 70 (or possibly 140) out- 
puts for each originating rate center in the net- 
work, this number can usually be grouped to 35 
base rates or less. The Computer is limited to 35 
base rates, but this is not restrictive in that no 
intrastate rate structure calls for more than 35 
rates; in fact, the interstate rate structure, covering 
the entire country, uses only 40 rates. Therefore, 
the 35-rate capacity is more than adequate for 
most ticketing installations that will rate calls 
within the home area and possibly one or two ad- 
jacent areas. 


Rate Periods 


The day-rate structure is applied from 4:30 a.m. 
to 6:00 p.m.; the night-rate structure, for the com- 
plementary hours of the 24-hour period, and for 
Sundays and certain holidays. In some states, a 
third rate structure, the “late night rate,” has been 
added. The night rate is then applied from 6:00 
to 9:00 p.m., and the late night rate from 9:00 
p.m. to 4:30 a.m. The Computer can readily be 
adapted for this third rate structure. 


The 35 base rates from the point-to-point field 
are wired in multiple to a day-rate Bar Relay and 
to a night-rate Bar Relay. 


The Dater-Timer controls the operation of the 
rate Bar Relays, one of the two Bar Relays being 
operated at all times. 


The 70 outputs of the rate Bar Relays can be 
regrouped to 35, since night rates, although repre- 
senting a discount from the day rates, use the same 
charge increments. The Computer treats a 40-cent 
night rate the same as a 40-cent day rate. 


SATT equipment will record the conversation 
time and the disconnect time, but for rating pur- 
poses the start of conversation determines the ap- 
plicable rate period. To compensate for this, the 
Ticketer will record if the rate structure is changed 
during the conversation time; this indication 1s 
passed through the Tabulator to the Computer, to 
momentarily switch the rate structure for that com- 
puter cycle. 








Conversation Time-Base Rate Controls 


The base rate that was derived from the distance 
and rate period factors can now be combined with 
the third rate factor, the conversation time, to 
produce the cost of the call. A Bar Relay is pro- 
vided for each minute of conversation time from 
3 to 49 minutes. The base rates are wired in mul- 
tiple to inputs of the 47 Bar Relays. 





The 1645 (35x47) outputs represent total 
charges. All duplications in charges can be com- 
moned. The outputs are cross connected to the 
total-charge terminals designated 005 to 995. 


Total-Charge Controls 


The 005-to-995 terminations are wired to 102 
toll-charge relays that return the total charges in 
Codel code to the Tabulator. There are 100 “dime” 
relays for charges OOX to 99X, and two “units” 
relays for charges XXO and XX5 (two “units” re- 
lavs suffice, since toll charges are expressed in 
multiples of 5 cents). The XX0O relay serves as a 
battery feed to one winding of the “dime” relays: 
the XX5 relay serves as a battery feed to the second 
winding of the “dime” relays. ‘Thus, if one of the 
005-to-995 terminations is grounded, a “dimes” 
relay and a “units” relay will operate to mark the 
total charges from 5 cents to $9.95 in Codel code 
on the Computer commons. The Z53 common is 
grounded if either the XXO or XX5 relays oper- 
ates. The Tabulator will store the total charges, 
recognize the Z53 mark as indicating a completed 
computation, release the Computer, and extend 
the Codel marks to rotary-switch banks for trans- 
mittal to the Tape Perforator. 











Incomplete Computations 


There are certain combinations of rate factors 
that the Computer cannot process. Among these 
would be area codes that require a six-digit an- 
alysis, although an adjacent-area circuit for the 
area is not provided; calls in which either the con- 
versation time exceeded 49 minutes or the total 
charges exceeded $9.95; and timeouts of the Com- 
puter due to improper input information or to a 
malfunction in the Computer cycle. When calls 
containing such factors are recorded, the incom- 
plete common is marked, and the Tabulator re- 
leases the Computer. The rate columns in the 
perforated tape are marked “incomplete” by a 
special mark, or are left blank, so that in the 
processing of the tape, the unrated message can be 
sorted out for manual rating. 


Computer Assigner 


The Computer, through an all-relay Assigner, 
can be assigned to any one of twenty Tabulators. 
When the Computer is serving one Tabulator, the 
Assigner locks out all other calls for service, and 
the Tabulator operates relays that switch through 
the Computer commons. 


Mounting 


The new SATT Computer mounts on a stand- 
ard 11’8” relay rack, as shown in Figure 1. Ad- 
jacent-area relay circuits are shown mounted on a 
second rack. 


For those ticketing installations with a single 
originating point, a single adjacent-area relay cir- 
cuit can be substituted for the originating-point 
controls on the Computer rack. 











By Irwin A. Cohen, Staff Engineer, General Telephone Laboratories 


Most home subscribers, when ordering a “second 
telephone,” want it installed in the bedroom. They 
appreciate the convenience and the feeling of 
security that comes from having a telephone right 
at hand all night long. We have learned, too, that 
they appreciate in this location a telephone having 
a dial with a light, so they can answer or dial 
familiar numbers without turning on the room 
lights and disturbing others. It was these facts that 
led us to start work on a development program 
which eventually resulted in the Type 82 “Dial- 
Lighted” Telephone. 


“Electroluminescence”’ 


It was in June, 1956, that we learned of a prom- 
ising light source for this purpose. This was a 
radically different kind of illumination, known as 
“electroluminescence.” No white-hot filaments, nor 
arcing, nor activating rays were needed. We learned 
that this new light source compared visually with 
phosphorescence and fluorescence, but that instead 
of cathode rays or ultra-violet light, it requires 
simply an alternating current to excite electrons 
into energy-level changes that produce light over 
a desired area. 


Thus, we learned, electroluminescence is an 
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“area source” of light, that is basically simple and 
versatile. To make other sources of light into 
“area” sources, diffusing equipment is needed; this 
complicates the design, and reduces the overall 
efficiency of the system. This promising new light 
source, however, would glow uniformly throughout 
its area—require no diffusion. 


Since no one had previously used electrolumi- 
nescence as we hoped to use it, we began studies 
and experiments to learn whether or not it really 
was a feasible light source for dial illumination. 
We learned that, although the physics of light pro- 
duction of this lamp is a bit more complicated than 
that of its forebears, the fundamental requirements 
are quite simple: a phosphor which is sensitive to 
direct excitation is merely placed in a fluctuating 
electric field. 


Commercially to produce an area source using 
this principle, the phosphor is suspended in a 
dielectric medium. This suggests the evolution of a 
light-producing “capacitor’”—essentially an alter- 
nating-current device. In order to allow light to be 
emitted from this capacitor, at least one of the 
plates must be transparent; this requires an elec- 
trically conductive coating which is also trans- 
parent. 


Copyright 1959 by General Telephone Laboratories, Inc. 








Construction of the Lamp 


The lamp used in the Type 82 “Dial-Lighted” 
Telephone combines ruggedness, resistance to 
humidity, long life, compactness, light weight, and 
acceptable efficiency in converting electricity to 
light. As shown in Figure 1, the “backbone” of the 
lamp is a flat steel sheet (A), with all holes for 
mounting or use punched into it before further 
processing. One electrical connection (A-1) is 
made to this steel sheet, which serves as one “plate” 
of the “capacitor” and provides mechanical 
strength and rigidity to the completed lamp. Two 
“ground-coat” layers of solid ceramic material (B), 
similar to white porcelain, are fired onto this base 
sheet. Next is applied another layer of ceramic 
material (C), in which is suspended the electro- 
luminescent phosphor. It is this layer that serves 
as the fundamental dielectric of the “capacitor,” 
and emits light. 


A transparent, electrically conducting layer (D) 
is then applied to the dielectric phosphor coating 
(C); an electrical connection (D-1) is made to 
this layer, and it serves as the other plate of the 
“capacitor.” Finally, a layer of transparent glass 
(E) is applied over the electrically conducting 
layer, to protect the lamp from the effects of 








humidity and mechanical damage, and to provide 
an insulating outer surface. The total thickness of 
all the coatings applied to the metal backing is 
less than 0.020”; the total thickness of the lamp 
approximates 1435”. 


Electroluminescent lamps can be made for var- 
ious voltages and frequencies, but those designed 
for use at higher voltages and frequencies also give 
brighter light. (Naturally, the voltage rating of the 
lamp is dependent on the dielectric strength of the 
dielectric which contains the phosphor.) We there- 
fore chose to use lamps operating at 110 volts— 
standard commercial power. The efficiency with 
which the power is converted into light, and the 
color emitted by the lamp, are dependent almost 
exclusively on the phosphor used; we adopted the 
most efficient lamp, which happens to be green. 


One final question concerned us—what would 
be the probable working life of this new lamp? 
We found that, as an electroluminescent lamp is 
tundamentally a capacitor, it will fail when sub- 
jected to conditions which would cause a capacitor 
to fail—excessive voltage, or operation beyond de- 
sign conditions. There are no filaments to fail, no 
gases to contaminate, and no emissive material to 
be consumed. In fact, the life of the lamp is meas- 
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Figure 1. Electroluminescent Lamp 


ured in years of continuous operation; however, 
its light output does gradually decrease, as shown 
in Figure 2, and the practical end of its life will 
be at the time that its brilliance becomes inade- 
quate for the use to which it has been put. 


Having decided that the electroluminescent lamp 
was the most straightforward approach to the de- 
sign of a “dial-lighted” telephone, we still had 
three major problems to work out: 


1. Designing a suitable number-plate for use 
with an electroluminescent lamp as a source 
of back-lighting. 


2. Mounting the power components within the 


housing of the Type 80 Telephone. 


3. Meeting the requirements of Underwriters’ 
Laboratories as regards isolation of the com- 
mercial power within the telephone. UL list- 
ing of the complete telephone was mandatory. 


Designing the Number-Plate 


Since our standard number-plates are molded 
with characters of opaque Tenite II, we thought 
of substituting a transparent Tenite II, through 
which the back-light would be seen. But we rea- 
lized that this would not provide contrast required 
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Figure 2. Lamp Output Chart 


with the background for easy visibility in daylight 
—and especially not with telephones of all the 
standard colors in which the Type 82 Telephone 
was to be offered. 


The number-plate we adopted starts with a 
transparent acrylic blank; this is sprayed with 
white paint—a layer thin enough to be translucent 
when back-lighted, but opaque otherwise. Then, 
using a mask to produce the desired characters, it 
is sprayed with one of the telephone colors. The 
paint is oven-hardened to an extremely durable, 
abrasion-resistant finish; when assembled into the 
telephone, the final plate is identical in appearance 
to a standard number-plate. In semi- or complete 
darkness, the characters are back-lighted by the 
electroluminescent lamp, and glow with its green 
color. 


Mounting the Power Components 

We thought of two ways of powering our lamp: 
(1) converting the 50 v., d.c., telephone power to 
110 v., a.c., using a small transistorized oscillator 
for this purpose; (2) using the 110 v., a.c., power 
source in the home, through a power cord on the 
telephone. The transistorized oscillator would have 
had the attraction of comparative novelty, and 
permit location of the telephone without reference 
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Figure 3. Power Circuit 


to external power. However, we realized that it 
would be a continuous drain on the line, which 
would contribute to the total leakage and thus 
impair dialing, cause ringing difficulties, and nul- 
lify the advantage of using high-impedance ringers. 
This idea was therefore discarded, and we adopted 
the power-cord arrangement. 


Isolation of the power circuit from the telephone 
circuit was begun by providing separate entrances 
for the two cords, and a special bushing which pro- 
vided both insulation and strain-relief of the power 
cord at the point of entrance. Inside the telephone, 
care was taken to insure physical separation of the 
two circuits, with at least 4” through air, and 4” 
over the surface of insulation, between them. All 
spade terminals are designed to prevent them from 
turning or being pulled off if the terminal screws 
should become loosened slightly. 


Finally, isolating resistors are provided in the 
power circuit (see Figure 3), so that no more than 
5 milliamperes can be delivered, even under short- 
circuit conditions. (This is not only a safety fea- 
ture; it also protects the electroluminescent lamp 
by damping out any transients which may occur, 
and thus extends its life.) All live parts are espe- 
cially guarded, at the resistor assembly. 





The Type 82 “Dial-Lighted” Telephone is listed 
by Underwriters’ Laboratories; wiring bears the 
UL label, and the distinctive type number, to- 
gether with the voltage and current rating, is 
printed on the bottom of the set. This listing was 
not obtained until after the Underwriters’ Lab- 
oratories had conducted input, temperature, cur- 
rent measurement, and dielectric strength tests, 
and had completely examined constructional de- 
tails of the set. 


Light Output 


The Type 82 “Dial-Lighted” Telephone will 
operate continuously for a full year at a cost to 
the subscriber of less than a nickel. Its light output 
is only about one foot-lambert (for comparison, 
the brightness of a TV screen is 15 to 20 foot- 
lamberts )—-and this is admittedly too little to be 
visible in a brightly lighted room. In total dark- 
ness, however, the normal human eye becomes 
90,000 to 150,000 times more sensitive to light, 
within ten to twenty minutes. Thus, the user of the 
Type 82 “Dial-Lighted” Telephone who will allow 
a reasonable time for his eyes to become accus- 
tomed to the darkness will find that the dial pro- 
vides very adequate light—and without lighting 
any other part of the room. 
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